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Abstract
Orthogonal Frequency Division Multiplexing (OFDM) is an efficient parallel
data transmission scheme that has relatively recently become popular in both
wired and wireless communication systems for the transmission of multimedia
data. OFDM can be found at the core of well known systems such as digital
television/radio broadcasting, ADSL internet and wireless LANs.
Research into the OFDM field continually looks at different techniques to
attempt to make this type of transmission more efficient. More recent works
in this area have considered the benefits of using wavelet transforms in place
of the Fourier transforms traditionally used in OFDM systems and other works
have looked at data compression as a method of increasing throughput in these
types of transmission systems.
The work presented in this thesis considers the transmission of image and
video data in traditional OFDM transmission and discusses the strengths and
weaknesses of this method. This thesis also proposes a new type of OFDM
system that combines transmission and data compression into one block. By
merging these two processes into one the complexity of the system is reduced,
therefore promising to increase system efficiency.
The results presented in this thesis show the novel compressive OFDM
xix
method performs well in channels with a low signal-to-noise ratio. Compar-
isons with traditional OFDM with lossy compression show a large improvement
in the quality of the data received with the new system when used in these noisy
channel environments. The results also show superior results are obtained when
transmitting image and video data using the new method, the high correlative
properties of images are ideal for effective transmission using the new technique.
The new transmission technique proposed in this thesis also gives good re-
sults when considering computation time. When compared to MATLAB simu-
lations of a traditional DFT-based OFDM system with a separate compression
block, the proposed transmission method was able to reduce the computation
time by between a half to three-quarters. This decrease in computational com-
plexity also contributes to transmission efficiency when considering the new
method.
xx
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1Chapter 1
Introduction
Since the discovery of wireless transmission using radio waves in the late 1800s
wireless information transmission has become increasingly important in society.
In today’s world it is taken for granted that breaking news can be received
almost as soon as it happens, that people can speak to each other in real-time
even if they are located on the other side of the world and that e-mails can
be read, files transferred and the Internet can be accessed even when taking a
lunch break in the park. Almost all of these activities are made possible due
to advances in wireless communication technology with mobile/satellite tele-
phones and wireless computer networks aiding in the communication network
that covers the globe today.
Some of the important historical advances that launched the wireless com-
munication revolution and ultimately allowed for these diverse ranges of com-
munication tools include: the early wireless telegraphy system where data was
transmitted in the form of the Morse code ’dots’ and ’dashes’ (short and long
electrical impulses) [1]-[3], the analogue modulation techniques used in audio
Chapter 1. Introduction 2
and speech transmission in AM and FM radios and the development of wireless
video transmission as used in television broadcasting [4].
During the early development years of these technologies, the data and mod-
ulation techniques used were all based on analogue technology with analogue
signal processing methods being employed in the systems. With the onslaught
of digital technology and techniques in the 1960s and 1970s these wireless trans-
mission systems gained new life and began to evolve further. The digital era
allowed the digitisation of analogue signals to occur which opened the door to
the development of signal processing using digital hardware and software de-
vices (DSP) and digital modulation techniques to efficiently transmit these dig-
ital data streams. The versatility and reliability of digital signals and systems
has led to many governments making the transition from analogue television
and radio broadcasting to new digital broadcasting methods [4] - [6]. Telecom-
munication companies are also making this change from analogue to digital
technology for mobile and landline telephone systems [6].
As well as the evolution of the old, well known technologies, such as radio
and television, new technologies have also developed out of the popularity of
computers, wireless LANs are one type of system which aims to make Internet
and file-sharing available to everyone, no matter where they are located.
With the increasing complexity of these communication systems comes in-
creasing complexity in the type of content being transmitted and received. The
early content of plain speech/audio and basic black and white images used in
early radio and television has developed into high definition audio and video
streams; and with the introduction of computers into the mix even more com-
plex content needs to be considered from images, video and audio to medical
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and financial data. Techniques are continuously being developed to maximise
data throughput and efficiency in these wireless communication systems while
endeavouring to keep data loss and error to a minimum.
For data transmission systems and networks increasing the performance and
efficiency of a system can be tackled by considering both the physical-layer
issues where modulation, multiplexing, channel equalisation and error correc-
tion occurs and also from a compression perspective where application specific
compression algorithms can be applied to the data. This thesis will focus on
techniques related to both these levels to maximise data transmission.
The following section will outline the specific areas that this thesis will
examine.
1.1 Objectives of This Thesis
This thesis will focus on two main parts of a data communication system: the
physical layer techniques, including modulation, multiplexing and channel ef-
fects as well as data compression techniques.
Orthogonal Frequency Division Multiplexing (OFDM) is one data trans-
mission technique that has been the topic of much research since the 1960s [7].
OFDM is a parallel transmission scheme that can maximise data throughput by
using many spectrally overlapping subcarriers to modulate data on. This ability
to allow spectral overlap in the transmission is one of the main features that
makes OFDM ideal for the transmission of large amounts of data. In a normal
frequency division multiplexing (FDM) system, data streams are transmitted on
spectrally non-overlapping channels so as to avoid interference between neigh-
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bouring channels, with OFDM though, the data is able to be transmitted in very
closely spaced and even overlapping channels by ensuring orthogonality between
the separate subcarriers used to modulate the data as well as orthogonality of
the data itself being transmitted on the individual channels [8], [9].
Because of this OFDM has proven over the years to be the ideal transmission
technique for large amounts of multimedia data and has become the standard
in digital television broadcasting (DVB-T), digital audio broadcasting (DAB),
ADSL modems and wireless LANs [10]. It is because of this that this thesis will
consider it as the transmission technique of choice and will consider the main
variants of OFDM, Fourier and wavelet based OFDM.
OFDM may be a good method of transmitting large amounts of data wire-
lessly but data compression is also essential in these types of systems to improve
system efficiency further. As raw data can contain large amounts of redundant
information compression can be used to reduce the data size and allow for
shorter transmission times [11].
This thesis will consider the two major transforms used in compression: the
discrete cosine transform (DCT) commonly used in JPEG and MPEG compres-
sion and the discrete wavelet transform (DWT) used in subband coding and the
JPEG2000 compression standard.
Another major objective of this thesis is to propose a new method of merging
the efficient transmission technique of OFDM together with a data compression
method. These two aspects of a communication system are major contributors
to developing a highly efficient transmission system for large quantities of mul-
timedia data, the idea of being able to compress and transmit data at the same
time would be a very desirable attribute in a communication system as it would
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simplify the system and reduce its computational complexity.
1.2 Contributions
The work from this thesis has provided the following contributions to the digital
communication and signal processing fields:
1. The research from this thesis has proposed a new type of OFDM transmis-
sion system which reduces computational complexity of an OFDM system
by combining transmission and compression blocks into one. (Chapter 5
and chapter 6)
2. The new method uses a combination of wavelet subband filtering and
compression and wavelet OFDM to compress the data at the time of
multiplexing and modulation. (Chapter 5)
3. This research has also extensively examined wavelet compression tech-
niques including subband filtering and coefficient thresholding techniques.
This work on wavelet compression has also led to work being published
on the use of wavelet compression in OFDM systems and the optimal
wavelet filters and compression methods to be used in both the proposed
compressive OFDM system as well as traditional DFT-OFDM transmis-
sion systems. (Chapter 4 and [12])
4. This work also examined in detail the effect these different wavelet com-
pression methods have from a data perspective. The data types being
transmitted in wireless systems are very diverse, therefore an indication
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on how different compression methods affect different data types is invalu-
able information when designing a compression method that works for the
system being designed.
Work has been published on how the classification features in both speech
and images are affected by different wavelet compression techniques and
different wavelet filters. This has led to research being conducted on
the perceptual quality of compressed data. Looking at data error alone
may not give a perfect indication of how much degradation has occurred
to images and audio since the human eye and ear have less sensitivity
to some changes than to others, therefore perceived quality was examined
after images and audio had been compressed and reconstructed. (Chapter
6 and [13] and [14])
1.3 Thesis Organisation
This thesis is organised in the following manner:
Chapter 2 - Wireless Data Transmission and Modulation Techniques
presents a literature survey on the development of wireless transmission tech-
niques. The first part of the chapter contains a fundamental review on common
digital modulation techniques such as phase shift keying (PSK), amplitude shift
keying (ASK), etc which have been used in many digital communication appli-
cations from modems to digital wireless data transmission.
This chapter continues by introducing the concept of parallel data trans-
mission and discusses how this idea has developed from the purely theoretical
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introduction in the 1960s, through the advancements in the technology that en-
abled it to be practically implemented, through to how it is used today in almost
all wireless communication systems. This section considers the main orthogo-
nal frequency division multiplexing (OFDM) techniques based on the discrete
Fourier transform as well as the wavelet based version touted as a candidate for
use in powerline communications.
Thirdly, compression techniques are considered with a look at the discrete
cosine transform (DCT) used in standard JPEG compression and the discrete
wavelet transform (DWT) used in the JPEG2000 standard. This section will
look at lossy and lossless compression and how these can be achieved using the
DCT and DWT.
Lastly this chapter will describe the importance of channel modelling when
simulating a wireless transmission system. Common channel effects are dis-
cussed and the causes of these are also examined.
Chapter 3 - Orthogonal Frequency Division Multiplexing Systems
considers the practical applications of OFDM technology. This chapter will
look at the two main types of OFDM transmission: discrete fourier (DFT)-
and discrete wavelet (DWT)- OFDM and look at the standards that utilise
these in real life data transmission applications. The main applications that
will be covered include the European digital television and audio broadcasting
standards (DVB-T and DAB respectively), the IEEE 802.11a wireless LAN
standard and the IEEE power line communication draft standard.
The second part of this chapter will then look at the problems associated
with OFDM systems and consider the options available to mitigate these prob-
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lems. OFDM systems have a few known issues, some examples covered in this
chapter include the high peak-to-average power ratio exhibited in these systems
as well as inter-channel interference and the need for a cyclic prefix.
Chapter 4 - OFDM for Multimedia Data Transmission presents results
from simulations using the traditional DFT-OFDM transmission method with
and without a separate compression block. This chapter will consider the effects
the compression technique has on performance as well as the effects different
baseband modulation mapping schemes have on the resulting data.
The data considered in these results are images and video so as to consider
the effectiveness of wavelet compression and OFDM transmission on different
multimedia data types. A quantitative analysis of the data error rate will be
presented as well as a qualitative analysis considering the perceived error in the
data.
Chapter 5 - A Compressive OFDM System for Multimedia Data
Transmission examines a novel compressive OFDM transceiver system that is
designed to combine compression and transmission into one block. This system
is proposed as most OFDM systems consist of a compression block separate to
the OFDM transmission block which increases the complexity of the system.
With wavelet transforms being both orthogonal and able to compress data,
a system can be produced that combines these properties into one. This chapter
will examine how this technique can be used for multimedia data transmission
and compression and how it promises to reduce the computational complexity
of a wireless transmission system.
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Chapter 6 - System Analysis performs an in-depth analysis of the systematic
operations of the proposed OFDM technique. All communication systems have
a basic structure including source and channel encoding, synchronisation and
specifically for OFDM systems, formation of the OFDM data block so as to
mitigate unwanted channel effects from the data.
This chapter will consider all these aspects and look at common techniques
that are used in communication systems to perform these tasks. Each technique
will be evaluated for their relevance and performance in systems such as the
proposed system. These blocks are essential for communication systems to
work properly and need to be addressed for their practical effectiveness in any
new system.
Chapter 7 - Performance Analysis of the Compressive Transceiver
analyses the performance of the proposed compressive OFDM system. This
chapter will again look at both image and video data transmission using the
proposed method and compare the results obtained from this method with those
obtained from the traditional methods presented in chapter 4.
As in chapter 4 a quantitative analysis of the error rate as well as a qualita-
tive analysis looking at the perceived error in the data will both be presented.
Chapter 8 - Conclusions This chapter will summarise the main conclusions
gained from this research, it will look at the comparisons between the two
methods and contrast the strengths and weaknesses of these methods. Finally
the future directions for this research will be presented.
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Chapter 2
Wireless Data Transmission and
Modulation Techniques
2.1 Introduction
Digital modulation techniques are an extension of the ideas associated with
analogue modulation used commonly in radio and television transmission and
reception.
In analogue modulation the aim is to take a baseband signal containing the
information needed to be transmitted and by using a high frequency sinusoidal
carrier and altering some aspect of it (amplitude, phase or frequency) the infor-
mation signal can be effectively encapsulated and encoded in the high frequency
region of the spectra and easily transmitted via an antenna [15]. Since the in-
formation signal has been shifted up in the frequency spectra from baseband
the antenna used for transmission can be relatively short since antenna length
is proportional to a quarter wavelength of the signal being transmitted. This
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concept is shown in figure 2.1.
Figure 2.1: Diagram of a basic analogue modulation system
This technique of modulating analogue signals has been widely used since
the late 1800s with the advent of the radio transmitter and receiver which
gained much commercial popularity during the first and second world wars and
later the transmission of television signals in the 1940s and 1950s where the
modulation of image as well as audio signals became a reality. Of more recent
times these same techniques have been developed and effectively adapted to the
digital world and the transmission of digital data, which has opened the door to
incorporating computer systems and digital signal processors (DSPs) into the
wireless domain [10].
Digital television, digital radio, wireless internet transmission and multime-
dia applications on mobile telephones are some of the many areas that digital
modulation has impacted on of recent times and improvements to the transmis-
sion of this data are constantly being sought.
This chapter will start by reviewing some of the most commonly used mod-
Chapter 2. Wireless Data Transmission and Modulation Techniques 12
ulation schemes which have been used in digital data transmission and will
build upon this by looking at the development of more complex digital mod-
ulation schemes such as M-PSK and M-QAM. Constellation diagrams will be
examined for these schemes and an explanation of baseband data encoding will
be presented. This chapter will also discuss the more recent development of
parallel transmission schemes with Orthogonal Frequency Division Multiplex-
ing (OFDM) being presented as an example of this type of scheme. Technical
details about this technique will be presented and a brief summary will be given
of how OFDM is being used today in wireless data transmission.
The second part of this chapter will consider data compression techniques
and discuss why it is necessary to use data compression when developing an
efficient transmission system. Particular emphasis will be placed on the types
of compression used most commonly with multimedia data, particularly images.
Lastly channel modelling will be examined with a look at how the attributes
of a wireless channel can affect the data being transmitted. This section will
consider the importance of accurate channel modelling in the case of commu-
nication system simulations and what steps should be taken to ensure effective
data transmission can occur in these channel environments.
2.2 Digital Modulation
The theories behind digital modulation are analogous to the way modulation
is used in analogue systems. In analogue modulation a signal is used to modu-
late a carrier by changing some aspect of that carrier, be it amplitude, phase,
frequency, or a combination of these [15].
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The most well known analogue modulation schemes used in radio transmis-
sion are: amplitude modulation (AM) where the carrier’s amplitude is varied
proportionally to the amplitude of the analogue message being transmitted
(m(t)), frequency modulation (FM), where the frequency is varied in relation
to the amplitude of m(t) and phase modulation (PM) where, again, the phase
is varied according to the behaviour of m(t).
Digital modulation uses these same techniques but where previously m(t)
was an analogue signal this time the message is replaced by binary encoded
digital information (figure 2.2).
The following subsections give a brief summary of the common types of
digital modulation used.
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Figure 2.2: Example of binary encoded data used to digitally modulate a carrier
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2.2.1 Amplitude Shift Keying (ASK)
Amplitude shift keying (ASK) behaves in virtually an identical manner to the
analogue amplitude modulation (AM) scheme where a high frequency carrier’s
amplitude is altered depending on the incoming message signal. The simplest
and earliest implementation of ASK is also known as On-Off Keying (OOK)
where the sinusoidal carrier is transmitted only during the symbol period for a
binary 1, for a binary 0 a zero amplitude signal is transmitted (figure 2.3). This
equates to the function in equation (2.1) [16].
s(t) =

AcΠ(t/T0) cosωct, for binary 1
0, for binary 0
(2.1)
where Ac is the carrier amplitude, Π is the rectangular pulse function, T0 is the
ASK symbol duration and ωc is the angular frequency of the carrier wave. This
type of ASK is very similar to DSB/SC AM in the analogue domain.
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Figure 2.3: Example of an OOK signal
A more sophisticated implementation of ASK involves firstly quantising the
binary message so as to achieve M discrete levels each representing a different
binary string combination. This will in turn produce an M -level signal, m(t),
which modulates the amplitude of the high frequency carrier, c(t). This results
in an output signal more like that of the conventional AM analogue equivalent
and is shown in figure 2.4 and mathematically in equation (2.2) [10]:
s(t) = Ac[1 +m(t)] cosωct (2.2)
where m(t) is the M -level digital message, Ac is the amplitude of the carrier
and ωc is the angular frequency of the carrier.
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Figure 2.4: Example of a 4-level ASK signal
Figure 2.4 shows the result of this type of modulation; The dotted line shows
the original encoded message while the solid line shows the modulated carrier.
2.2.2 Frequency Shift Keying (FSK)
FSK as in analogue Frequency Modulation (FM) alters the carrier’s frequency in
relation to the amplitude of the digital message being modulated. The simplest
FSK scheme is binary FSK where two discrete frequencies define a binary 1 and
0. This simple FSK method is described in equation (2.3) [10].
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s(t) =

Ac cos(ω1t+ θ1), for binary 1
Ac cos(ω2t+ θ2), for binary 0
(2.3)
where Ac is the amplitude of the carrier, ω1 and ω2 are the carrier’s angular
frequencies for a binary 1 and 0 being modulated respectively and θ1 and θ2 are
the carrier’s phases when a binary 1 and 0 are modulated.
As with ASK, FSK can also be used to modulate multi-level binary coded
messages, therefore for an M -level encoded message there will be M discrete
frequencies describing each level. Equation (2.4) mathematically describes this
M -FSK modulation, this equation shows that FSK is virtually identical to ana-
logue FM except where the the message is replaced with a binary encoded signal
[10].
s(t) = Accos[ωct+∆f
∫ t
−∞
m(λ)dλ] (2.4)
where Ac is the amplitude of the carrier, ωc is the angular frequency of the
carrier’s centre frequency, ∆f is the frequency sensitivity of the system and
m(λ) is the binary encoded message being modulated.
This modulation scheme results in the waveform shown in figure 2.5.
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Figure 2.5: Example of a 4-FSK signal
2.2.3 Phase Shift Keying (PSK)
Analogous to Phase Modulation (PM) used in analogue communications, Phase
Shift Keying changes the phase of a carrier depending on the encoding levels of
a binary message. A general equation for PSK is in equation (2.5).
s(t) = Ac cos[ωct+∆pm(t)] (2.5)
where Ac is the amplitude of the carrier, ωc is the angular frequency of the
carrier’s centre frequency and ∆p is the phase sensitivity of the system.
PSK modulation is one of the most widely used digital modulation schemes
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around and has proven to be one of the most versatile and simplest schemes to
implement. In its simplest form PSK takes the form of Binary-PSK (BPSK)
where only two different phases are used to encode and transmit a binary 1 and
a binary 0; one symbol transmitted on a carrier with a 0o phase-shift and the
second symbol transmitted on a 180o phase-shifted carrier [10], [17]. To visualise
this, constellation diagrams are used, figure 2.6 shows the above scenario on its
respective constellation diagram.
Figure 2.6: Constellation diagram for the BPSK digital modulation scheme
Other variants of the PSK scheme include: Quadrature-PSK (QPSK), Offset-
QPSK (OQPSK) and higher order PSKs (M -PSK).
The QPSK scheme is an interesting case as it can be implemented either
using the traditional PSK method, where a single carrier is modulated by the
binary data onto four discrete phases (45o, 135o, 225o, 315o), or it can be imple-
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mented with the same result in the IQ (In-phase, Quadrature) modulation style
where two carriers with 90o phase differences are amplitude modulated by the
data and the superposition of these modulated carriers is what is transmitted
[15]. Either way this method allows two bits to be modulated and transmitted
per PSK symbol period as opposed to the single bit per PSK symbol period that
standard BPSK can achieve, therefore increasing bandwidth efficiency [15], [10],
[16]. The constellation diagram and waveform diagram for this style of QPSK
modulation is shown in figures 2.7 and 2.8 respectively.
Figure 2.7: Constellation diagram for the QPSK digital modulation scheme
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Figure 2.8: Example of a 4-PSK (QPSK) signal
The OQPSK modulation scheme is often used to improve on error perfor-
mance of the QPSK system. This modulation scheme is almost identical to
QPSK except this method offsets the data stream modulating the quadrature
carrier component by half a QPSK symbol period. By allowing this offset to
occur before modulating the carrier, harsh transitions in the amplitude of the
modulating signal (and hence the phase of the modulated signal) can be elimi-
nated, (i.e. on the constellation diagram there will only be transitions occurring
between adjacent constellation points) [16].
Another variant of PSK is the higher order PSKs (M -PSK) where extra
points (phases) are added to the constellation diagram so as to enable the
simultaneous modulation of three (8-PSK), four (16-PSK) or more bits per
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symbol period. Figure 2.9 shows this for an 8-PSK modulation system.
Figure 2.9: Constellation diagram for the 8-PSK digital modulation scheme
2.2.4 Quadrature Amplitude Modulation (QAM)
QAMmodulation developed from hybrid combinations of the ASK and PSK dig-
ital modulation schemes. By using the summation of two Double Sideband Sup-
pressed Carrier (DSB/SC) modulated signals, this digital modulation scheme
can conserve a great deal of bandwidth and improve bandwidth efficiency [10],
[17], [18]. The general formula for QAM modulation is in equation (2.6).
s(t) = Acx(t) cosωct− Acy(t) sinωct (2.6)
where x(t) and y(t) are the two independent messages being modulated.
Again constellation diagrams can be used for QAM modulation to visualise
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the modulation scheme. Unlike M -PSK modulation though the constellation
diagram need not be circular, square/rectangular constellations are actually the
most commonly implemented constellations for QAM. A constellation that can
be used in 16-QAM is shown in figure 2.10.
Figure 2.10: Constellation diagram for the 16-QAM digital modulation scheme
From figure 2.10 it can be seen in this case that each point on the con-
stellation diagram represents an encoded 4 bits of a binary string. The phases
and amplitudes, Ac, of the two quadrature and in-phase carriers are therefore
dependent on the 4-bit binary string being encoded and modulated [16].
Chapter 2. Wireless Data Transmission and Modulation Techniques 24
2.3 Parallel Frequency Division Multiplexing
Methods
During the mid-to-late 1960s research into the areas of digital modulation and
transmission began to consider parallel transmission techniques as opposed to
the traditional serial transmission methods. By taking parallel streams of data
and modulating these on closely spaced (and overlapping) orthogonal carriers,
transmission could become much more efficient when compared to serially mod-
ulating and transmitting the data. Some of the pioneers in this area of research
during this time include: R. Chang [7],[19], B. Saltzberg [20], and S. Weinstein
[21] who all began to consider the efficiency of parallel transmission schemes
and how this theory could begin to be applied in practice.
In the works by Chang and Saltzberg in 1966 and 1967 respectively ([7],[20]),
the concept of using spectrally overlapping subchannels to multiplex the data
stream on was explored. This method opposed the traditional notion where
Frequency Division Multiplexed (FDM) data channels were confined to non-
overlapping regions of the spectra. The reasoning behind the new suggestion
stemmed from the fact that this method allowed for a more efficient use of
channel resources and maximised the data rate without compromising on data
quality (potential inter-symbol and inter-channel interferences).
The block diagram of the transmission method proposed in [7] is shown in
figure 2.11 and worked by ensuring signal orthogonality occurred within each
subchannel as well as between adjacent subchannels by carefully designing trans-
mitting filters that would fulfil certain criteria.
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Figure 2.11: Parallel data transmission system proposed by R. Chang (1966)
Within a single subchannel (the ith subchannel) orthogonality between con-
secutive symbols being transmitted was achieved by satisfying the orthogonality
condition in equation (2.7)
∫ ∞
−∞
ui(t)ui(t− kT )dt = 0, k = 0, ±1, ±2, ... (2.7)
where ui(t) is the convolution between the ith transmitting filter’s impulse re-
sponse and the transmission medium’s impulse response and T is the symbol
period.
Between adjacent subchannels (e.g. the ith subchannel and the jth subchan-
nel) orthogonality between the two transmission streams was similarly achieved
by satisfying equation (2.8)
∫ ∞
−∞
ui(t)uj(t− kT )dt = 0, k = 0, ±1, ±2, ... (2.8)
where uj(t − kT ) is the convolution between the jth transmitting filter’s im-
pulse response and the transmission medium’s impulse response for all symbol
Chapter 2. Wireless Data Transmission and Modulation Techniques 26
periods.
Satisfying these conditions meant that Chang’s system could withstand both
inter-symbol and inter-channel interference and allow the data rate to approach
the theoretical limit of the transmission channel, while at the same time ensuring
the data can still be received and decoded accurately at the receiver.
Works by S. Weinstein in 1971 developed this idea further, Weinstein noted
that a multitone data signal was in effect the same as the Fourier transform
of the original data stream and that a bank of coherent detectors at the re-
ceiver acted like an inverse Fourier transform. From this observation Weinstein
proposed the idea of transmitting the data in the form of a Discrete Fourier
Transform (DFT), this new techniques simplified the parallel transmission sys-
tem by reducing the number of complex sinusoidal generators and coherent
demodulators needed in the system and allowed the system to become more
realisable in practice [21],[8].
This same work also confronted the issue of inter-block and inter-channel in-
terference caused by the truncation of the DFT symbols and the need for a guard
interval (or cyclic prefix) to be used to mitigate the effect of this. The guard
interval was deemed necessary since fading channels can cause delay spreads
to occur to the OFDM symbols causing both inter-block interference where de-
layed versions of the previously transmitted OFDM block can overlap with the
current block as well as inter-channel interference where spectral leakage can
occur between each of the N sub-carriers in one OFDM block [22],[23]. This
guard interval concept is still widely used today and is considered the standard
in such systems as digital television broadcasting [24], [9].
From these significant works the way was paved for the development and
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deployment of Orthogonal Frequency Division Multiplexing (OFDM) as is cur-
rently used in digital television broadcasting, wireless local area networks and
ADSL communication.
2.3.1 Fourier Based OFDM
A Fourier based OFDM transmission block is shown in figure 2.12. This figure
shows the OFDM system takes in a serial stream of binary data, this data can be
in the form of raw binary data or a multi-level binary data stream [10]. This data
stream is then input into a baseband constellation mapper such as the BPSK,
QPSK or M -QAM schemes. From this process a stream of baseband encoded
symbols are produced in the form of complex numbers: D(k) = A(k) + jB(k).
Figure 2.12: FFT-OFDM transmitter block diagram
At this point a serial to parallel conversion takes place on the data stream
to convert the data into blocks of N data symbols (where N represents the
number of subcarriers used in the OFDM system). These blocks of data are
then passed into an Inverse Fourier Transform block, the output of which is
shown in equation (2.9) [9], [25].
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d(n) =
1√
N
k=N/2−1∑
k=−N/2
D(k)ej2π
k
N
n (2.9)
where n ∈ [−N/2, N/2] and N is the number of subcarriers.
The inverse fourier transform was determined to be an ideal transform to
use in OFDM transmission as it was able to replicate the transmitting filters
described in [7] perfectly without the excess in hardware, this allowed orthogo-
nality of the channels to be achieved in an extremely efficient manner. In [9] it is
described how the N analogue filters could be replaced with one inverse discrete
Fourier transform. It is stated that by examining the orthogonal analogue filters
used to process the OFDM symbols, as described in equation (2.10), it could
be seen that the filterbank could be reduced to an inverse Fourier transform
with the window function, u(t) (u(t) being a rectangular function as described
in equation (2.11)).
gk(t) = u(t)e
−2jπfkt, (2.10)
where u(t) is the window function, fk = f0 + kNTs and 0 ≤ k ≤ N − 1
u(t) =

1/
√
NTs, 0 ≤ t ≤ NTs
0, otherwise
(2.11)
While using the rectangular window function for u(t) ensures the necessary
orthogonality of the data occurs, it also causes a truncation in the resulting
OFDM symbol which gives a sin(x)/x shape to the overall spectra of the mod-
ulated symbol. This symbol truncation has the effect of causing inter-channel
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interference (ICI) to occur between transmitted OFDM blocks. This phenomena
led to the need to introduce a guard interval to the OFDM symbols to reduce
this interference [21]. These guard intervals often take the form of a cyclic prefix
appended to the transmitted OFDM symbol blocks in many practical OFDM
systems.
To ensure further preservation of orthogonality in the transmitted signal,
the N subcarriers being used to modulate d(n) needs to be precisely spaced in
the frequency spectra. If the duration of one OFDM symbol being transmitted
is Ts seconds then the spacing of the subcarriers needs to be 1TsHz apart.
Fourier OFDM has been widely accepted in industry and has now become
the standard in systems such as terrestrial digital television transmission (DVB-
T), ADSL broadband internet and wireless LANs. even so Fourier OFDM does
have some drawbacks, these will be discussed in more detail in chapter 3 but
briefly they include the previously mentioned cyclic prefix and, most notably,
the large peak-to-average power ratio (PAPR) OFDM exhibits.
A large PAPR is an effect caused by the multiplexing of the DFT filtered
QAM symbols produced in OFDM. As figure 2.13 shows the OFDM symbol
is characterised by having mostly relatively low power peaks but interspersed
with the occasional large magnitude power spikes. This gives an overall low
average power but a very large peak power which results in needing to use
inefficient linear amplifiers in transmission systems to avoid distortion of the
signal [26],[27].
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Figure 2.13: Power of an OFDM symbol with 16 carriers showing the large peak-to-
average power ratio
This issue has been widely discussed and work has been done to develop
methods to reduce the PAPR of OFDM signals including the use of block codes,
phase rotation and clipping and filtering the signal [28]. This topic is covered
in more detail in section 3.4.1.
2.3.2 Wavelet Based OFDM
Power line communications has been around in a very primitive form since
the early 1900s and was used mainly for very basic, low frequency, signalling
by electricity companies to control load on their system and to remotely read
meters [29], [30]. Works started to appear in the 1970s and 1980s into the
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possibility of expanding this communication technique to wider ranges of data
and to increase the data rate through the channel. Some of the earlier works
into this were published in [31] and [32] where the characteristics of power lines
were thoroughly investigated and the types of modulation techniques needed to
combat harsh power line channels were considered.
Research into the power line communication (PLC) field considered the types
of modulation schemes that would be appropriate to be used in the harsh chan-
nel environments of a power line. Since the primary purpose of power lines is
to provide electricity to households, and not for communications, they tend to
be very noisy and lack the desired shielding to prevent interference from exter-
nal sources. The basic equipment attached to the power grid such as circuit
breakers and capacitor banks as well as household electricity use (i.e turning
appliances on and off, using light dimmers, etc) is enough to cause both impul-
sive as well as coloured noise to effect the channel [30]. Transmission schemes
that were robust to these conditions needed to be considered for PLC to be an
effective method of data transmission.
One of the earlier work in this specific area was published in [31] where
a pseudonoise modulation technique using the 60 Hz zero-crossing of the AC
power frequency as synchronisation was proposed. This work considered the
tendency for frequency selective fading to occur on power lines and proposed
the pseudonoise code PSK modulated with a square wave carrier to help spread
the spectrum of a narrowband signal over a large range to mitigate this effect.
Other modulations techniques considered include the basic ASK and FSK
digital modulation techniques as well as more complex spread spectrum mod-
ulation methods [30]. One other modulation option proposed was OFDM as
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it had been a successful technique in wireless communications, proving itself
effective in fading channel environments [33], [34]. The Open PLC European
Research Alliance (OPERA) is one organisation that has looked at the stan-
dardisation of PLCs. In their technology standard DFT-based OFDM is the
transmission technique used [35].
As discussed in section 2.3.1 Fourier based OFDM has its drawbacks, it
was found to lack good performance in harsh channel environments particularly
channels with the characteristics of power lines. It also lacked efficiency by
needing guard intervals to prevent ISI, it had large spectral leakage and lacked
the ability to reject narrowband interference [36], [37].
A solution to these issues appeared in the form of wavelet OFDM. In [36]
and [38] it was noted that in conventional DFT-OFDM transmultiplexing sys-
tem that the DFT filterbanks with their harsh rectangular symbol filtering gave
the data the required orthogonality but also contributed strongly to the ICI and
IBI problem that plagues OFDM. [36] and [38] realised that this harsh rectan-
gular filtering effect could in fact be replaced with wavelet filters, wavelets are
orthonormal functions which meant filterbanks designed on this principle still
possessed the necessary orthogonality properties needed for OFDM transmis-
sion but would also increase the spectral efficiency of the signals and allow for
the removal of the guard interval / cyclic prefix from the data blocks.
As shown in figure 2.14 wavelet OFDM basically replaces the IDFT / DFT
blocks of the conventional OFDM system with wavelet transform blocks (IDWT
/ DWT), while the cyclic prefix blocks of the OFDM system can also be effec-
tively removed.
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Figure 2.14: Transmit block diagram for a wavelet OFDM transmission system
The discrete wavelet transform block in this type of OFDM system can be
considered as behaving in the same manner as a bank of N orthogonal wavelet
filter functions [36]. By considering this equivalency the system behaves in the
same manner as that shown in figure 2.15 [37], [39].
Figure 2.15: Block diagram of a transmultiplexing system
This wavelet-based transmultiplexing system consists of an interpolation (or
up-sampling) process where the data is zero-padded before being input into a
bank of inverse wavelet synthesis filters, Fn(z), (i.e. IDWT), at the transmitter.
The receiver on the other hand consists of a forward wavelet analysis filterbank,
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Hn(z), (i.e. DWT), with a downsampling process where the zeros padding the
data stream are removed [40]. Equations (2.12) and (2.13) show respectively
the general expressions for the synthesis and analysis filterbanks.
Fn(z) =
L−1∑
k=0
fn(k)z
−k, 0 ≤ n < N (2.12)
Hn(z) =
L−1∑
k=0
hn(k)z
−k, 0 ≤ n < N (2.13)
where N is the number of subchannels and L is the length of each filter.
For wavelet-based OFDM these synthesis and analysis filterbanks are ob-
tained from an appropriate wavelet basis function. These wavelet-based filters
then effectively replace the inverse DFT at the transmitter and the DFT at the
receiver in DFT-based OFDM giving the output at the transmitter of [38], [41]:
d(n) =
∞∑
a=0
∞∑
b=0
D(k)2a/2ψ(2ak − b) (2.14)
where a is the scaling factor, b is the shift factor, ψ(n) is the wavelet basis
function and D(k) is the data for the kth sub-carrier, 0 ≤ k ≤ N − 1, where N
is the total number of OFDM subcarriers.
These wavelet filters are of larger length than the rectangular DFT filters
used in standard OFDM and because of this the resulting sidelobes of the OFDM
symbols are smaller, reducing inter-channel and narrow-band interferences in
the transmitted symbol [37], [33].
Comparative studies on DFT-OFDM and wavelet-OFDM have shown that
wavelet-based OFDM has greater spectral containment from the pulse shaping
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attributes the wavelet transform imposes on the data and that wavelet based
OFDM systems are more efficient due to the removal of the guard interval [37],
[38].
2.3.3 Wavelet Packet OFDM
A variant on wavelet-based OFDM is the wavelet packet OFDM technique.
This technique is very similar to wavelet OFDM but utilises the discrete wavelet
packet transform in the OFDM modulation block described in section 2.3.2.
The main difference between the wavelet-based OFDM and the wavelet
packet-based OFDM is the way the synthesis and analysis filters in the trans-
multiplexer process the incoming data. In a wavelet-based analysis filter the
data is filtered to produce a decomposition of the incoming signal consisting
of a low-pass signal of low resolution and a number of high-pass signals con-
taining the detail information of the data(the number of these high-pass signals
depends on the level of decomposition used) of varying resolutions [42]. Figure
2.16 shows this for a three level decomposition.
Figure 2.16: A 3-level wavelet decomposition
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This figure shows the decomposition performed on the data produces both
low-pass coefficients, produced from downsampling and filtering the data using
a wavelet low-pass filter, and high-pass coefficients, produced from downsam-
pling and filtering the data with a wavelet high-pass filter. From the initial
decomposition each subsequent level of decomposition is then only applied to
the previous low-pass coefficients while the high-pass coefficients are left un-
altered.
After the desired number of levels have been reached in the decomposition
the resulting signal consists of grouping together the final low-pass coefficients
with all the high-pass coefficients calculated for the previous levels. The result
of this is that for a J-level decomposition there will be J+1 blocks of coefficients
of increasing resolutions, the ultimate length of the coefficients will also be the
same length as the original data. This is shown in figure 2.17.
Figure 2.17: Length of original data (top) compared to the length of the wavelet
decomposed coefficients for J = 3 (bottom)
The filters in a wavelet packet decomposition on the other hand applies the
wavelet filtering to both high- and low-pass coefficients. The decomposition tree
for this type of wavelet transform is shown in figure 2.18.
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Figure 2.18: A 3-level wavelet packet decomposition
This type of wavelet decomposition results in 2J blocks of coefficients, each
of the same length. Again the length of the total resulting coefficients will equal
the length of the original data as shown in figure 2.19.
Figure 2.19: Length of original data (top) compared to the length of the wavelet
packet decomposed coefficients for J = 3 (bottom)
By replacing the synthesis and analysis filters in the traditional OFDM
system shown in figure 2.15 with this wavelet packet transform, the wavelet
packet-based OFDM system is produced. Similar to the output of the wavelet
OFDM system the transmitted data is given by equation (2.15) [45].
d[k] =
∑
s
N−1∑
n=0
Ds,nψn[k − sN ] (2.15)
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where Ds,n is the s-th encoded data symbol modulating the n-th subcarrier and
ψn[k] is the wavelet packet filtering operation given as:
ψj,2n[k] = Flow[k] ∗ ψj−1,n[k/2] (2.16)
ψj,2n+1[k] = Fhigh[k] ∗ ψj−1,n[k/2] (2.17)
where j is the iteration number of the wavelet decomposition resolution, 1 ≤
j ≤ J and Flow[k] and Fhigh[k] are the low-pass and high-pass wavelet packet
synthesis filters respectively. These equations also assume that the data is being
upsampled by two as shown by the term ψj,n[k/2].
As with wavelet OFDM the length of these wavelet packet filters are longer
than the DFT filters, this allows the spectral leakage of the resulting signal to
be reduced, allowing for the removal of the cyclic prefix extension.
2.4 Data Compression
In data storage systems, data compression is the concept of taking large amounts
of information and reducing its size by removing redundancies within that in-
formation hence enabling more data to be stored in less space [46]. In the ideal
world data compression would reduce the size of the information so it can be
efficiently stored but not alter the semantic content or quality of the informa-
tion, this is called lossless compression. In practice though lossless compression
is not always achievable so a loss of data is always a possibility when applying
compression to data.
In the world of data transmission, compression is also a critical element of
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the transmission system. In any form of data transmission the more data you
need to transmit the longer the process is going to take and in today’s world with
e-mail effectively replacing the "snail mail" postal service and instant messages
being part of every facet of society, instantaneous is what people want.
With that in mind, research into data compression is never-ending with tech-
niques developing from the earliest and simplest methods of compression such
as run-length encoding, (which is often used in image compression where a run
of repeated symbols in a stream of data is replaced by a single symbol represen-
tative of the length of the run) [47] all the way to more complex compression
schemes such as linear predictive algorithms often used video compression (e.g.
MPEG encoded video).
For multimedia data several compression schemes can be applied before
transmission occurs, these compression schemes are often dependent on the data
type being transmitted and often a scheme which works well for one data type
may not work well for another data type. The following gives some examples
of data compression schemes often used in multimedia data transmission.
MPEG is one commonly used encoding and compression scheme aimed at
video streaming, it is based on a type of linear predictive coding which works
by encoding the predicted motion of objects in a video into frames, these pre-
diction frames are called P-frames and B-frames in an MPEG stream. P-frames
contain predictions of expected locations of moving objects by using previous
reference frames to make a prediction while B-frames use a bi-directional pre-
dictive algorithm to predict the motion from previous as well as future frames.
These predictive frames are used in conjunction with reference frames known
as I-frames to reduce redundancy in the data. These I-frames are refreshed pe-
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riodically and act as a reference for the decoder’s predictive algorithm. These
frames are of higher quality (hence lower compression) than the P- and B-frames
[11].
For the transmission of image data, compression can be achieved by using
cosine and wavelet transforms to alter the data, JPEG and JPEG2000 are
two well known methods which utilise these transforms for compression. The
remainder of this section is dedicated to these transforms and the way they can
be used to compress data in preparation for transmission.
2.4.1 Discrete Cosine Transform
The DCT proposed in [48] is most commonly known for its use in the JPEG
(Joint Photographic Experts Group) still image compression standard [49]. In
this type of compression an image is segmented into 8× 8 pixel segments and a
2-dimensional DCT is applied independently to each of these segments.
The discrete cosine transform (DCT) is a transform used in signal analysis
which can be used to give information about the frequency content of a signal.
The DCT uses a cosine basis function to decompose a signal into a finite sum
of weighted cosines. The transform pair equations for a 1-dimensional discrete
cosine decomposition and recomposition of a signal, x(n), is given in equations
(2.18) and (2.19) respectively [48].
X(0) =
√
2
N
N−1∑
n=0
x(n)
X(k) =
2
N
N−1∑
n=0
x(n) cos
pik(2n+ 1)
2N
, k = 1, 2..., (N − 1)
(2.18)
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x(n) =
1√
2
X(0) +
N−1∑
k=1
X(k) cos
pik(2n+ 1)
2N
(2.19)
The 2-D DCT is similar to this method but instead of applying the trans-
form in one dimension it is applied twice; once in the horizontal direction and
once in the vertical direction and then multiplying the resulting terms together.
Mathematically this operation is shown in equation (2.20) using x and y for hor-
izontal and vertical space respectively and u and v for horizontal and vertical
frequency respectively [50]
S(v, u) =
C(v)
2
C(u)
2
7∑
y=0
7∑
x=0
s(y, x) cos[
(2x+ 1)upi
16
] cos[
(2y + 1)vpi
16
] (2.20)
where u=0,1,2,...,7, v=0,1,2,...,7, C(u) = 1√
2
for u=0, C(u) = 1 for u>0, C(v) =
1√
2
for v=0, C(v) = 1 for v>0, s(y, x) is a 2-D sample value and S(v, u) are the
2-D DCT coefficients.
Using this DCT algorithm in the JPEG compression standard in effect cal-
culates a correlation value between an 8×8 pixel segment of an image and a set
of 2-D cosine basis functions representing different spatial frequencies. These
basis functions are given in figure 2.20 and show cosine basis functions of in-
creasing spatial frequency in horizonal space (from left to right of the figure) as
well as increasing frequency in vertical space (from top to bottom of the figure).
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Figure 2.20: Basis functions for a 2-D DCT decomposition
The benefits of using the DCT to extract coefficients from an image is that
the DCT tends to concentrate most of its energy in very few coefficients, giving
a sparse distribution of coefficients compared to the original data [46], [51]. The
DCT also produces larger coefficient values for regions of an image with high
spatial frequencies (or low correlation between neighbouring pixels) [46]. These
effects can be seen in figure 2.21 where it can be seen the largest coefficient
values are concentrated in the upper left hand corners of the 8 × 8 coefficient
maps and that there are larger coefficient values in regions of the image where
there is higher spatial frequencies.
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Figure 2.21: Segment of Lena image and its corresponding DCT coefficient map
All these factors make the DCT an ideal transform from a compression point
of view as now encoding can be applied to the image to remove redundant
information such as the long runs of zero coefficients in the resulting coefficient
map.
JPEG compression utilises quantisation tables to weight each coefficient be-
fore applying run-length encoding and then entropy encoding [50]. All of this
allows for variable compression rates and quality in JPEG images as shown in
figure 2.22.
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Figure 2.22: Lena JPEG image with increasing compression ratios
2.4.2 Discrete Wavelet Transform
The wavelet transform, as used in signal processing, was pioneered in the works
of Ingrid Daubechies [52], [53], [54] and Stephane Mallet [55]. As with the
Fourier transform the wavelet transform proved to be an important analysis
tool in signal processing with its ability to extract time-frequency information
about a signal.
The theory behind the wavelet transform is that any signal/waveform can
be represented by a series of wavelet basis functions with varying translations
and dilations. This is known as the continuous wavelet transform (CWT) and
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can be defined as [56], [57]:
CWTψf (a, b) =
1√
a
∫
R
ψ∗(
t− b
a
)f(t)dt (2.21)
where a is the dilation factor (a ∈ R+) and b is the translation factor (b ∈ R).
For the analysis of digital signals and in particularly the coding of images,
the discrete wavelet transform (DWT) was found to be an appropriate tool.
The DWT took the equation in (2.21) and converted it into discrete time where
wavelet and scaling coefficients can be extracted from a digital signal [58]. Equa-
tions (2.22) and (2.23) show this discrete time wavelet transform.
DWTx(j, k) = cj,k =
∑
n
x[n]h∗j [n− 2jk] (2.22)
bj,k =
∑
n
x[n]g∗J [n− 2Jk] (2.23)
where J is the desired resolution of the decomposition, j = 1, 2, ..., J ; k is
the discrete time shift; hj[n− 2j] is the discrete wavelet function; gJ [n− 2J ] is
the scaling sequence; cj,k are the wavelet coefficients, and bj,k are the scaling
coefficients.
The use of the wavelet transform in audio applications was first proposed in
[59] where a 1-dimensional DWT was used to filter sounds (the sounds used in
this work included samples of speech and clarinet notes). The focus of this work
was on aiding in the composition of synthesised music since, while the sound
was decomposed, it could be processed and modified to cause interesting effects
to occur when the sound is reconstructed. In works in [60] and [61] the wavelet
transform was extended to include the compression of speech.
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Works in [62] and [63] introduced the concept of using the DWT in the coding
of images. The attraction to using the discrete wavelet transforms in both
image processing and in audio processing is the DWT’s ability to concentrate
its energy into several subbands. In speech and audio processing this is useful
since voiced and un-voiced speech can be detected as well as the pitch of audio
[64]. Similarly in image processing the subband decomposition can be utilised
in pattern recognition and in compression applications.
The most common wavelet subband decomposition of an image is shown
in figure 2.23 and shows a low resolution version of the original image in the
upper left hand corner with increasing resolution coefficients towards the lower
right hand corner. These subbands are classified as low and high pass and
consist of the low pass approximation and vertical detail coefficients (LL and
LH coefficients) and the high pass horizontal and diagonal detail coefficients
(HH and HL coefficients) [46].
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Vertical(LH2)
Horizontal (HL2)
Diagonal (HH2)
Vertical (LH1)
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Diagonal (HH1)
Figure 2.23: A three level wavelet decomposition of the Lena image
Two common techniques can be applied to the resulting wavelet decompo-
sition of images to achieve compression. Since the energy of the decomposition
is concentrated in certain regions of the decomposition, thresholding can be ap-
plied to compress the data. In this method all values below a certain threshold
are set to zero so run-length and entropy encoding algorithms can be applied
to compress the data (similar to what occurs in JPEG compression explained
in section 2.4.1) [46].
The second method is subband filtering. Subband filtering relies on the
theory that the human eye is most sensitive to low spatial frequencies. Since
the wavelet decomposition is made up of high and low frequency subbands the-
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oretically entire subbands can be removed (or coarsely quantised) to achieve
compression. Applying this method and then reconstructing the image theoret-
ically causes little impact on the perceived quality of an image since only high
frequency subbands are affected [46].
2.5 Wireless Channel Modelling
Wireless communication channels are particularly complex structures to model
and work with. To accurately assess the viability of any new transmission
method for wireless channels it is necessary to be able to accurately model this
type of environment. It is therefore essential that accurate mathematical models
of wireless channels be used in simulations to achieve the best possible sense of
the viability of any proposed system.
Some of the main complications in modelling wireless communication chan-
nels are the many environmental factors that constantly impact on the quality
of the channel at any given point in time. These include obstacles such as build-
ings, trees and geological structures in the path between the transmitter and
receiver, transmitter/receiver movement such as mobile phones being used in a
vehicle and interference due to constantly changing atmospheric conditions.
The following section will cover some of the main features of wireless com-
munication channels and some of the mathematical models used to simulate
these conditions in experiments.
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2.5.1 Multipath Channels
One of the most common problems in wireless communication channels is mul-
tipath effects on a signal. In an ideal world electromagnetic waves would be
sent from a transmitter in a spherical pattern outwards towards the receiver.
At the receiver the same signal would be received, with slight propagation loss
and delay but otherwise unchanged. In reality though, most wireless channels
will contain a number of obstacles between a transmitter and a receiver which
will scatter the transmitted signal and cause multipath delays and superposition
effects to the received signal [65]. An example of this is shown in figure 2.24,
the scatterers in this case could be buildings, trees, hills or any other geological
or man made object standing between a transmitter and receiver.
Figure 2.24: An example of a two-path multipath channel environment
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Mathematically the result of this effect in a multipath channel is an impulse
response as shown in equation (2.24) [65], [66].
h0(t) =
mp∑
n=1
Hnδ(t− τn) (2.24)
where mp is the total number of multipaths, Hn is the attenuation factor and
τn is the delay factor for the nth multipath. Something to note is that Hn is not
a constant value, the attenuation values change randomly over time making it
impossible to accurately predict the response of the channel.
In OFDM systems, this type of channel distortion can cause severe inter-
block interference (IBI) where the delays to the previous OFDM block, caused
by the multipaths, interfere with the current OFDM block being received [67].
To combat this type of channel distortion OFDM uses a guard interval in the
form of a cyclic prefix to mitigate the effects of multipath interference. A more
in-depth analysis of the cyclic prefix and its use in combatting IBI and ICI is
in section 3.4.2.
2.5.2 Doppler Spread
The doppler effect is a type of signal distortion caused by motion affecting the
perceived frequency of a received signal. The most common cause of this is if
either the signal transmitter or the receiver is in motion. An obvious example
of this is in the case of mobile telephones where a person could be speaking on
the telephone while travelling in a moving car or train [68]. Figure 2.25 shows
what happens to a signal when this occurs.
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Figure 2.25: An example of the Doppler effect
The doppler effect can be explained in the following way: if an object trans-
mitting a signal is in motion, any receiver located behind the motion of the
transmitter (such as the receiver on the left of figure 2.25) is going to perceive
that signal at a lower frequency than a receiver located in front of the same
transmitter (on the right of figure 2.25). This same concept occurs at audio
frequency as well as RF and gives rise to the effect of hearing an ambulance or
police siren at a higher or lower pitch as the vehicle passes by on the road. This
relationship also applies when a receiver, as opposed to the transmitter, is is
motion. This relationship can be mathematically given by equation (2.25) [69].
fd = fcv/c (2.25)
where v is the velocity of the moving receiver, c is the speed of signal propaga-
tion, fd is the perceived carrier frequency and fc is the actual carrier frequency.
It is clear that doppler spread is an undesirable distortion if a communica-
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tion system is relying on knowledge of a signal’s transmit carrier frequency to
accurately receive data. It is for this reason that a large amount of research has
been conducted on estimating the doppler frequency spread in communication
systems.
A common method of estimating the doppler spread of communication chan-
nels is using the auto-correlation of the channel. A relatively simple algorithm
using this approach to estimate the doppler spread is given in [69]. This work
considers the digital television broadcasting standard which consists of trans-
mitting OFDM symbols with pseudo-random sequences appended as a guard
interval prefix to each symbol. It was stated that the received data is given as
[68], [69]:
r(k) = s(k)h(k) + w(k) (2.26)
where s(k) is the data block, h(k) is the channel which is a complex Gaussian
process with an auto-correlation function dependent on the doppler spread and
w(k) is complex AWGN with zero mean. In [69] it is assumed that the channel
exhibits the same behaviour as the Jakes channel model and would have the
spectral characteristics, S(f), of:
S(f) =

P
πfd
√
1−(f/fd)2
, |f | < fd
0, otherwise
(2.27)
where P is the average power of all received signals. From this the auto-
correlation function (ρhk) of the channel is given by:
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ρhk(τ) = J0(2pifdτ) (2.28)
where J0(τ) is the 0th order Bessel function. Rearranging this equation gives
the estimate of the doppler spread as:
fd = J
−1
0 (ρ(τ)) (2.29)
Since a pseudo-random sequence known to both the transmitter and receiver
is used as an OFDM symbol prefix for each OFDM block, a reasonable channel
estimate is available to the transmitter and receiver. Therefore the doppler
spread can be reasonably estimated by using the process in equations (2.27) to
(2.29).
Other methods based on the channel auto-correlation have also been pro-
posed, some of which can be found in [68] and [70].
2.5.3 Selective Fading Channels
Selective fading in communication channels can be viewed as an extension to
the effects discussed in sections 2.5.1 and 2.5.2. Wireless channels are frequency,
spatially and time selective. Frequency selectivity occurs when the response of
a channel varies for different frequencies being transmitted, spatial selectivity
occurs when the channel response changes depending on the distance between
the transmitter and receiver and time selectivity is caused by motion of the
transmitter or receiver giving a different channel response over time [65].
These fading effects can all be caused by combinations of multi-path scat-
tering and doppler spread and many models have been created to model these
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types of channels. The following subsections cover a few fading channel models
used in transmitter systems.
Rayleigh Fading Model
The Rayleigh fading channel is a statistical model for a time-variant multipath
channel. The Rayleigh fading model assumes there is no dominant signal com-
ponent being received therefore the channel response can be modelled using a
Rayleigh statistical distribution [71]. This definition implies that the received
signal from a Rayleigh fading channel is due wholly to randomly scattered com-
ponents and can therefore be modelled using a 2-dimensional, random, Gaussian
process with zero-mean. If there did happen to be a dominant signal component
being received (i.e. from line-of-sight or signal reflectors), the channel response
would no longer follow the Rayleigh distribution making it more appropriate to
model the channel using the Rician statistical model instead [71].
Mathematically Rayleigh fading is an extension to equation (2.24) and de-
fines a much stricter rule for what the attenuation factor, Hn should be. As its
name suggests this attenuation factor follows the Rayleigh distribution criteria.
This criteria states that a Rayleigh distribution consists of two zero-mean, sta-
tistically independent random variables, X1 and X2 each with a Gaussian PDF
as shown in equation (2.30) [71], [72].
p(y) =
1
2σ2
e−y/2σ
2
(2.30)
where σ2 is the variance of the Gaussian random variables and x relates to the
Gaussian random processes X1(t) and X2(t).
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By defining the random variable R as:
R =
√
X21 +X
2
2 =
√
Y (2.31)
And substituting this into equation (2.30), the Rayleigh probability density
function can be defined as:
p(r) =
r
σ2
e−r
2/2σ2 (2.32)
Using this statistical knowledge of the Rayleigh distribution of fades a more
accurate definition of the time-variant attenuation factor, Hn in equation (2.24)
can be defined as follows [71]:
Hn(τ ; t) = α(τ ; t)e
−j2πfcτ (2.33)
where Hn(τ ; t) is the channel impulse response at delay time τ and time instant
t, α(τ ; t) is the attenuation factor also at delay time τ and time instant t and
fc is the carrier frequency.
Figure 2.26 shows what can occur to a sinusoidal signal when it is passed
through a multipath Rayleigh fading channel, it can be seen that the multipath
effects cause constructive and destructive superposition to occur to the signal.
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Figure 2.26: A signal (top) and received signal (bottom) after transmission through
a Multipath Rayleigh fading channel
Rician Fading Model
The Rician fading model is similar to the Rayleigh model but instead of the
fading envelope following a Rayleigh distribution it follows a Rician distribu-
tion instead. This distribution assumes there is a dominant component to the
received signal which could be attributed to line-of-site to the transmitter, fixed
scatterers and/or reflectors in the channel medium [71].
The main difference between the Rayleigh distribution and the Rician dis-
tribution is the means of the two Gaussian random processes, in the Rayleigh
model the mean of X1 and X2 are both zero while the Rician model has a com-
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mon variance but differing means for X1 and X2. By following the same process
as in section 2.5.3 the PDF for a Rician distribution is given as [71]:
p(r) =
r
σ2
e(−r
2+s2)/2σ2J0(
r.s
σ2
), r ≥ 0 (2.34)
where s2 is the non-centrality parameter due to the unequal mean values of
X1 and X2 and is defined as s2 = m21 +m
2
2 and J0 is the zero-th order bessel
function of the first kind.
From this statistical knowledge of the channel, equation 2.24 can be re-
written as:
h0(τ ; t) = αδ(t) +
mp∑
n=1
Hnδ(t− τn) (2.35)
where αδ(t) represents the line-of-sight component of the received signal with
attenuation α while Hnδ(t− τn) represents the multipath scattered components
with the time-variant Rayleigh distributed attenuation Hn.
2.6 Conclusions
In this chapter a summary has been presented of digital modulation, parallel
transmultiplexers, data compression and channel modelling techniques. The
development of digital transmission technology has been outlined from the ear-
liest digital modulation techniques based on early analogue methods such as
FSK, PSK and ASK through to the orthogonal transmultiplexing schemes used
in wireless communications, digital television broadcasting and powerline com-
munications.
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This chapter also presented methods of data compression looking particu-
larly at the compression of multimedia data including images, video and audio
to improve transmission efficiency. The DCT and DWT were both presented as
useful transforms for compression schemes.
Channel modelling was finally discussed and the importance of accurate
channel models was emphasised. Not taking into account the charcteristics
of a realistic channel can be highly detrimental when attempting to develop
new and effective transmission techniques. A technique that has only been
tested in an ideal environment under certain circumstances is sure to fail when
tested in the complex environment of a real channel. Therefore any experiment
that is performed needs to consider what can happen under non-ideal channel
conditions before accurate conclusions can be formed about a certain technique.
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Chapter 3
Orthogonal Frequency Division
Multiplexing Systems
3.1 Introduction
Orthogonal Frequency Division Multiplexing has become one of the transmis-
sion standards in many wireless applications. Digital television broadcasting as
well as wireless internet and ADSL are some of the applications utilising the
DFT-based OFDM transmission schemes while standards are also being devel-
oped for the use of DFT and/or wavelet-based OFDM in possible power line
communication systems.
In the previous chapter the development of orthogonal data transmission
systems were discussed and a brief analysis of the three main OFDM systems,
DFT-based, wavelet-based and wavelet packet-based OFDM, was presented. In
this chapter practical OFDM transmission systems utilising these techniques
will be covered in more detail with emphasis on the technical information from
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many of the common standards currently being employed. The systems pre-
sented in this chapter include the European digital video broadcasting (DVB-T)
standard, the European digital radio standard (DAB), the IEEE 802.11a wire-
less LAN standard and finally the relatively new IEEE standard being developed
for powerline communications.
Finally in this chapter the common problems associated with OFDM trans-
mission will be discussed. These include the common high peak-to-average
power ratio multicarrier systems tend to suffer from as well as the inter-symbol
and inter-channel interference problems DFT-OFDM has. This section will also
look at the methods being utilised to try and mitigate these effects.
3.2 DFT-OFDM Transmission Systems
DFT-based OFDM is the most commonly used OFDM scheme for wireless trans-
mission, this type of scheme was first proposed in 1966 in [7] where complex
orthogonal filterbanks were used in the synthesis and analysis phases of the sys-
tem. This system was further developed in 1971 in [21] where a DFT operation
was first proposed to simplify the complexity of the system and make it more
practical as a wireless transmission scheme.
Currently this technology is being employed in digital television and radio
broadcasting, wireless LANs and ADSL systems. The following sections will
cover this type of OFDM transmission, the practical systems employing this
method and the standards for these systems explaining how OFDM is utilised.
Chapter 3. Orthogonal Frequency Division Multiplexing Systems 61
3.2.1 Digital Video Broadcasting-Terrestrial (DVB-T)
From the European standard for digital terrestrial television broadcasting [24]
a typical block diagram of the system is shown in figure 3.1
Figure 3.1: Block diagram of the European digital video broadcasting transmitter
system
In digital television broadcasting the raw audio and video data stream is
encoded using the MPEG-2 encoding method where compression of the data
takes place before the transmit block. The DVB-T standard states that the
MPEG-2 data should be organised into packets of 188 bytes in length before
being scrambled, encoded using the Reed-Solomon encoding algorithm, convo-
lutionally encoded and sent on to the transmitter stage.
The specifications for the transmitter stage of the DVB-T system depends
on whether the standard being employed is the 2K or the 8K transmit modes.
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DVB-T can consist of either of these methods depending on the network size
and defines the number of subcarriers and the spacing between the subcarriers
used for transmission.
The interleaving block of the DVB-T system consists of two types of in-
terleaving, a bit-wise interleaver and a symbol-wise interleaver. The bit-wise
interleaver groups bits into appropriate length segments for baseband modula-
tion mapping while the symbol wise interleaver takes the mapped symbols and
interleaves them into parallel blocks for the IDFT process. The baseband mod-
ulation mapping of a DVB-T system can be either QPSK, 16-QAM or 64-QAM,
therefore the bit-wise interleaving will either arrange the bits into groups of 2
(for QPSK), 4 (for 16-QAM) or 6 (for 64-QAM).
The symbol-wise interleaving then converts this data to a parallel stream of
N − Nc symbols per block, where N in this case is the number of subcarriers
used to modulate the OFDM block and Nc is the guard interval/cyclic prefix
length. in the 2K DVB-T case this value is equal to interleaving the symbols
into 1512 parallel streams and in the 8K case it is 6048 parallel streams.
These parallel streams are then processed using a IDFT operation to create
the OFDM symbols to be transmitted. Table 3.1 shows the standards from [24]
for the OFDM symbol transmission parameters for both the 2K and 8K DVB-T
modes.
As with all DFT-based OFDM systems a guard interval is necessary to avoid
ICI and ISI in multi-path fading channels, the DVB-T standard defines a guard
interval consisting of a cyclic extension made up of some of the useful data from
the end of the OFDM block appended to the start of the OFDM block. The
standard states that the cyclic extension should be 1/4, 1/8, 1/16 or 1/32 of
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Table 3.1: OFDM transmission parameters for DVB-T.
Parameter 2K 8K
Number of carriers (N) 1705 6817
OFDM symbol duration TU (prior to cyclic extension) 224µs 896µs
Carrier spacing (1/TU) 4464 Hz 1116 Hz
Spacing between max and min carriers ((N − 1)/TU) 7.61 MHz 7.61 MHz
the length of the overall OFDM symbol duration.
The DVB-T standard is designed to operate on the UHF frequency band
with 6, 7 and 8 MHz channels.
3.2.2 Digital Audio Broadcasting (DAB)
Another common application that utilises OFDM for the transmission of infor-
mation is the European Digital Audio Broadcasting (DAB) standard (digital
radio) [73]. Digital radio, as with digital television, is being seen as an eventual
replacement for the old analogue AM and FM radio transmission technology.
The block diagram for the DAB system is shown in figure 3.2.
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Figure 3.2: Block diagram of the European digital audio broadcasting transmitter
system
The ETSI standard [73] for digital radio takes a stream of PCM encoded
audio data sampled at a rate of 24 or 48 kHz and uses the MPEG audio coding
layer II to encode this data. This data is then arranged into data packets con-
taining information about the type of data being transmitted, dynamic labels,
the actual data as well as service flags. At this point the data is then convolu-
tionally encoded, scrambled and interleaved before being passed to the OFDM
transmission block.
The input of the OFDM block in this diagram consists of: the data which has
been baseband modulation mapped using differential-QPSK (D-QPSK) modu-
lation, the null symbol generator - this block makes sure the first OFDM symbol
is zero and lastly the phase reference symbol generator - this acts as a reference
for the differential modulation block.
This multiplexed data is then processed using the IDFT operation to create
the OFDM symbols to be transmitted. The DAB standard consists of four
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different transmission modes each used for different purposes. Each of these
modes have different parameters for the OFDM transmission which are shown
in table 3.2 [73].
Table 3.2: OFDM transmission parameters for DAB.
Parameter Mode I Mode II Mode III Mode IV
Number of carriers (N) 1536 384 192 768
OFDM symbol duration TU 1246ms 312µs 156µs 623µs
(prior to cyclic extension)
Carrier spacing (1/TU) 1000 Hz 4000 Hz 8000 Hz 2000 Hz
The four different modes DAB can operate in are: mode I - used for single
frequency networks and local-area broadcasting in bands I, II and III, modes II
and IV - which are used for local broadcasting in bands I - V as well as satellite
and hybrid satellite terrestrial broadcasting in the L-band and, lastly, mode
III - which is also intended for local broadcasting, satellite and hybrid satellite
broadcasting as well as cable distribution in frequency bands below 3, 000 MHz
[73].
This DAB standard can be implemented by either using the frequency bands
currently assigned to analogue AM and FM radio or by using a new bandwidth
region, in many countries implementing DAB these new bandwidths are what is
being used for their digital radio broadcasts. In the USA, however, this has been
problematic since this new bandwidth region falls within a restricted RF region
primarily used by the US military. The US also had problems using the current
AM and FM bands since the analogue and digital radio signals cannot co-exist
together in the same band when using the DAB standard. Due to these issues
the US utilise an in-band on-channel (IBOC) system to allow both analogue and
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digital radio signals to co-exist on the same bands to reduce analogue/digital
receiver compatibility issues [74], [75].
3.2.3 Wireless LAN (IEEE 802.11a standard)
From the IEEE wireless LAN specifications standard [76] a typical block dia-
gram of the system is shown in figure 3.3
Figure 3.3: Block diagram of the IEEE 802.11a transmit and receive system
The 802.11a Wireless LAN standard firstly scrambles the data and encodes
it using a K = 7 convolutional code (FEC block) before the data is interleaved
and mapped onto a baseband modulation constellation in preparation to being
processed in the IDFT block.
The modulation mapping schemes used in the Wireless LAN standard con-
sist of BPSK, QPSK, 16-QAM or 64-QAM encoding, the encoding scheme is
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selected depending on the required transmission rate.
These interleaved streams of BPSK/QPSK/QAM encoded data are then
processed using an IDFT operation to create the OFDM symbols to be trans-
mitted. Table 3.3 shows the standards from [76] for the OFDM symbol trans-
mission parameters for the 802.11a Wireless LAN standard.
Table 3.3: OFDM transmission parameters for the 802.11a Wireless LAN stan-
dard.
Parameter Value
Number of subcarriers (N) 52
OFDM symbol duration TU (prior to cyclic extension) 4µs
Carrier spacing (1/TU) 250 kHz
Spacing between max and min subcarriers ((N − 1)/TU) 16.6 MHz
As with the DVB-T case a guard interval is necessary for the 802.11a stan-
dard. The guard interval is defined similarly to that of the DVB-T case where
the cyclic extension is made up of some of the useful data from the end of the
OFDM block. This standard states that the cyclic extension should be 0.8µs
in duration. At transmission the structure of the data should be as shown in
figure 3.4
Figure 3.4: Structure of transmitted data for the 802.11a standard
The preamble consists of 12 symbols (10 short symbols and 2 long symbols)
used as a training and synchronisation sequence at the beginning of the transmit
sequence. The signalling data is a single OFDM symbol consisting of BPSK
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constellation encoded data. This signalling data gives details to the receiver
about the rate of the incoming data (and hence which baseband constellation
encoding is used for the data), length of the incoming data as well as parity
bits. The data block is where the incoming data is transmitted and is a variable
number of OFDM symbols.
The 802.11a standard operates in the super high frequency (SHF) range in
the 5 GHz frequency band.
3.3 DWT and DWPT OFDM Systems
The discrete wavelet and wavelet packet transforms are a relatively new de-
velopment in OFDM transmission. By using the same general structure of
the DFT-based OFDM but replacing the DFT operation block with a discrete
wavelet/wavelet packet transform block an orthogonal signal can be produced
which fulfils the requirements for OFDM transmission.
Because of how new this type of technique is, standards are still in the de-
velopment stage for many of the potential applications that could utilise this
type of OFDM. One of these applications is power line broadband communica-
tions where standard residential power lines are utilised in the transmission of
broadband data, this standard is being developed by the IEEE and is currently
in its draft stages [29], [77].
The following section will talk in some detail about how power line com-
munication techniques are developing and particularly some of the research
conducted in the use of wavelet-based OFDM for PLC transmission.
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3.3.1 Power line Communications
Power line communications is a concept that’s been around since the early 1900s
where they were used for low frequency signaling by electricity companies. In
the late 1970s power line communications became the topic of more research
into the transmission of more complex data. Over the years since this was first
proposed there have been numerous studies into the best types of modulation
and transmission techniques to use on the harsh channels that are power lines,
some of the early work into this field were discussed in section 2.3.2.
One of the more recent developments in this area is to use wavelet-based
OFDM as the transmission technique for PLCs. The IEEE standard for Broad-
band over Power Line Networks which is currently in its draft phase specifies
the use of wavelet-based OFDM in conjunction with DFT-OFDM in the stan-
dard. In [29] a description of the current progress of the IEEE P1901 Corporate
Standards Working Group was outlined. From this work the following progress
has been made in the standardisation of PLC communications.
The IEEE PLC transmission standard intends to employ both wavelet-based
OFDM with DFT-based OFDM in its transmission standard. The reason be-
hind this decision is that power lines have a much narrower bandwidth than
standard transmission mediums (coax, wireless, etc) to work with, this aspect
has the disadvantage of causing all devices on the PLC network to have to share
a common frequency band (between 2 - 30 MHz), this causes self-interference
on the communication medium, particularly if there are many users within close
proximity to each other using the same medium. A way to allow efficient sharing
of this medium is to allocate the two different transmission techniques (DFT-
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based OFDM or DWT-based OFDM) depending on the type of transmission
devices and data being transmitted.
The P1901 draft standard uses the power frequency and phases as a syn-
chronising technique to allow shared devices to detect the usage of the medium.
Each device accesses the medium using a time slot allocation method called
Time Division Multiple Access (TDMA).
Since both DFT-based and DWT-based OFDM are proposed as being used
in this standard different parameters apply to the baseband modulation map-
ping, number of subcarriers and OFDM symbol length for both methods. The
OFDM parameters given in [29] for the draft IEEE PLC standard proposal are
given in table 3.4, some parameters are yet to be finalised but these give a base
indication of the intended implementation of OFDM in these systems.
Table 3.4: OFDM transmission parameters for PLC.
Parameter DFT-based DWT-based
Number of carriers (N) 3072, 6144 512, 1026
OFDM symbol duration TU 40.96µs 8.192µs
Guard Interval duration 5.56, 7.56, 47.12µs N/A
Baseband modulation BPSK, QPSK, 8, 16, 32, BPSK, 4, 8, 16,
mapping 64, 256, 1024 or 4096-QAM or 32 PAM
Frequency band 2 - 30 MHz 2 - 28 MHz
3.4 Problems Associated with OFDM Systems
While standard DFT-based OFDM has been widely accepted in many main-
stream wireless transmission applications (e.g. digital television broadcasting
(DVB-T) and wireless transmission) and DWT-OFDM is being seriously con-
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sidered in the power line communications field, there are still some negative
aspects to using OFDM. The following sections will summarise the most com-
mon problems with OFDM transmission systems and look at ways that have
been attempted to try and alleviate these problems.
3.4.1 High Peak to Average Power Ratio
Peak-to-average power ratio (PAPR) is a well known issue with many com-
munication systems that use the sum of many (N) unmodulated or identically
modulated sinusoids in transmission [78].
One particular system that employs this method in its transmission is OFDM
with its N orthogonal subcarriers used to multiplex together one OFDM sym-
bol. The resulting high peak-to-average power ratio caused by this method is
of particular concern when the signal needs to be passed through a high power
amplifier for transmission [79], [80]. Generally speaking the high power ampli-
fiers used in wireless transmission systems have a linear response when used
at low amplitude but for large amplitude input signals a non-linear response
occurs in the amplifier, this means that for the amplification of OFDM symbols
the occurrence of the high amplitude peaks will cause in-band and out-of-band
distortion to occur from the amplifier’s response [80].
Some of the work that has been performed to attempt to reduce the effect of
high PAPR in OFDM include the use of clipping and filtering of the signal, block
coding methods and clever constellation mapping techniques. The following
subsections give a brief summary of some of these techniques.
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Clipping and Filtering
Clipping the high peaks of the OFDM signal is one of the easiest techniques
employed to reduce the effect of a high peak-to-average power ratio, basically
the amplitude peaks of the signal are clipped to a predetermined amplitude level
using this method. This method does have the drawback of causing distortion to
the signal due to clipping, this distortion can be considered as noise and affects
both in- and out-of-band regions of the signal. While the in-band distortion
cannot be remedied it is possible to correct the out-of-band distortion by passing
the clipped signal through a filter. This filtering process causes some peak
growth to occur so usually this process is repeated several times to ensure the
peak amplitudes stay under the clipping level before being amplified [79], [80],
[81].
Block Coding
Block coding is another way to reduce the PAPR in OFDM systems. It was
found in the works in [26] and [27] that the peak envelope power (PEP) in
OFDM transmitted data symbols was higher for certain transmitted symbols
than for others. Figure 3.5 shows the results obtained from modulating 16 BPSK
encoded values (ranging from decimal zero to decimal 15) onto 4 orthogonal
carriers. The works of [26] and [27] showed that a PEP of 16.00W occurred in
the modulated OFDM symbols for decimal zero, 5, 10 and 15, they also showed
that for decimal 3, 6, 9 and 12 a PEP of 9.45 occurred.
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Figure 3.5: The envelope power of 16 BPSK encoded symbols transmitted on four
orthogonal carriers. Reproduced from [26]
It was therefore proposed in this work that if data can be block encoded in
such a way as to avoid using the codes that would produce a large PEP then
some headway could be made in reducing the PAPR problem in OFDM.
The solution proposed was to map a 4-bit codeword onto 3-bit encoded
data symbols making sure codewords that produce a high PEP were avoided.
This method decreased the data rate so was a trade off between data rate
and reducing the PAPR. In simple cases with few subcarriers to deal with and
small M-PSK constellations this is an effective solution, but in larger systems
complex searches for effective codewords and complex decoding methods make
this technique somewhat prohibitive [79].
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Active Constellation Extension
Active constellation extension (ACE) is one method of reducing PAPR by alter-
ing the constellation map the data is being encoded onto. The concept behind
this is presented in [82] and describes a method of extending the outer constella-
tion points in M-PSK and QAM constellations and mapping the data onto these
extended points. The theory behind this is that by extending the constellation
points outward in an intelligent manner, the magnitude of the sinusoidal and
cosinusoidal carrier components can be actively controlled to cancel out large
peaks from the modulated data.
Two iterative methods were presented in [82] to achieve this constellation ex-
tension, the first method was the ’projection onto convex sets’ method (POCS)
and the second method was an approximate gradient-project method. The
POCS method starts with a block of data symbols, an IDFT is applied to this
block and the resulting signal is clipped at a certain amplitude threshold (A)
as shown in equation (3.1)
x¯[n] =

x[n], |x[n]| ≤ A
Aejθ[n], |x[n]| > A
(3.1)
where x[n] = |x[n]|ejθ[n]
A DFT is applied to the result of this process. After this the algorithm
forces all of the interior constellation points back to their original values while
the exterior points are projected into the region of increased margin. This
algorithm is iterative therefore this process is repeated several times until no
clipping occurs to the signal.
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The second method is similar but initially takes note of the allowable con-
stellation extensions before applying the iterations to the data block. Similarly
the data block (|xi[n]) is clipped as in equation (3.1). The difference between
the methods occurs when a DFT is then applied to the clipped signal portion
and the clips are then analysed to determine which parts of the clip to keep
to allow only acceptable constellation extensions, clips that would cause un-
acceptable constellation extensions are set back to zero. Using this clip data
and equation (3.2) the constellation points can be set using an iteration of this
method.
xi+1 = xi + µc (3.2)
where µ is a step size determined by some criterion and c is the IDFT of the
clipped portion of the signal.
3.4.2 Inter-channel Interference and the Guard Interval
Because of OFDM’s proven robustness in frequency selective fading channels
this type of transmission is what is primarily used in these situations, it is
perfect for the conditions faced for wireless transmission. Unfortunately the
way the DFT-OFDM symbols are filtered and the characteristics of frequency
selective fading channels, inter-channel interference is an ever present problem
in these types of OFDM systems [21], [23].
The ICI issue is a problem predominantly in DFT-based OFDM transmis-
sion, it is less of an issue in wavelet based OFDM and much of this interference
is due to the effect the DFT filtering and symbol truncation operations have
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on the resulting transmitted OFDM symbols. By performing an IDFT opera-
tion on the data and windowing this data, the output symbols are in effect the
equivalent of a sum of sinusoids truncated to the length of the OFDM block.
This gives the output in equation (3.3) [83].
d(n) = (
1√
N
k=N/2−1∑
k=−N/2
D(k)ej2π
k
N
n)ΠN(n) (3.3)
where −N/2 ≤ n ≤ N/2, N is the number of orthogonal subcarriers and ΠN(n)
is the rectangular window used to truncate the OFDM symbols.
This truncation causes the OFDM blocks to exhibit a sin(x)/x frequency
characteristic on each sub-channel, this shape causes each sub-channel to inter-
fere with adjacent sub-channels and causes inter-channel interference [8]. On
top of this, frequency selective fading and multi-path channels also cause delay
spread to occur to the OFDM symbols. With frequency selective fading chan-
nels the frequency selectivity causes different amounts of delay to occur to the
different sub-channel frequencies. By setting a guard interval longer than the
maximum delay spread in the OFDM block inter-channel interference can be
mitigated to some degree [67].
The accepted guard interval used in the case of OFDM is a cyclic prefix
extension to each OFDM block. This cyclic prefix consists of a certain number
of data symbols, longer than the delay spread from the channel, from the end
of the OFDM block appended to the beginning of the OFDM block. This
technique has the benefit of reducing inter-channel interference and at the same
time the prefix data can be used at the receiver for synchronisation purposes
[84].
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Assuming the frequency selective fading channel behaves as a filter of length
Lh + 1, the cyclic prefix should be long enough to account for the delay in this
channel. The typical length of the cyclic prefix is thus determined to be [85]:
Nc ≥ Lh (3.4)
where Nc is the length of the cyclic prefix appended to the OFDM block, N
and Lh is the length of the channel impulse response.
While it may appear the longer this extension is, the better the system
performance will be, system efficiency does need to considered. The longer the
cyclic prefix the less efficient the system becomes, this efficiency is measured by
N/(N +Nc) so the larger Nc is the less efficient the system becomes. So while
we need a suitably long cyclic prefix it also needs to be short enough so as not
to substantially reduce the efficiency of the transmission system.
3.5 Conclusions
In this chapter four practical systems were presented which utilise various forms
of OFDM transmission. These systems were: digital television broadcasting,
digital radio broadcasting, the 802.11a wireless LAN system and the relatively
new OFDM application of power line communications. These four methods
are all used in the transmission of large quantities of data and particularly
multimedia data such as video, images and audio which appear in television
data streams and internet traffic.
Also presented in this chapter were some common problems associated with
traditional DFT and DWT-based OFDM systems. Included in these problems
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were the high peak-to-average power ratio associated with all multicarrier trans-
mission systems and the problem of inter-carrier interference (ICI) caused by
spectral leakage between adjacent sub-carriers. Some methods were also pre-
sented which have been proposed and utilised to alleviate these problems.
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Chapter 4
Using Wavelet Compression and
Standard OFDM for Multimedia
Data Transmission
4.1 Introduction
From chapter 3 a number of applications were introduced that use various
OFDM transmission techniques. Systems such as digital television broadcast-
ing and wireless LAN standards are common implementations of Fourier based
OFDM and are often used in everyday life.
This chapter will look at DFT-based OFDM transmission and consider the
performance these systems have in wireless multipath fading channels when
transmitting compressed image and video data. The chapter will present results
of experiments run to simulate the type of OFDM transmission implemented
in the applications mentioned above and present relative mean squared error
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(RMSE), structural similarity (SSIM) and PSNR values to quantify the amount
of expected error in these types of systems.
This chapter will also look at DFT-based OFDM systems when wavelet
subband compression is applied to the image and video data. RMSE, SSIM
and PSNR values will also be presented for this compressed and transmitted
data also.
4.2 Simulation Results for DFT-OFDM
Transmission
The results in this section were obtained using MATLAB simulation software
where image and video data has been used to assess the effects OFDM systems
have on transmitted data. The image set used in the experiments was obtained
from the USC-SIPI Image Database [86] and consisted of 69 random images
of various sizes and subject matters. A full set of the images with their corre-
sponding numbers are given in appendix A. The videos used in the experiments
were obtained from the Arizona State University Trace Video Library [87], seven
video segments each consisting of 100 frames were analysed and processed using
the DFT-OFDM system.
These images and video frames were firstly converted to greyscale before
being processed in the transceiver system, for colour images/video the same
process would be applied in transmission but to the three red, green and blue
(RGB) layers independently.
The system used in the experiments is shown in figure 4.1.
For an initial benchmark test this system was used without the compression
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Figure 4.1: DFT-OFDM system block diagram with wavelet compression block
block, further results were then obtained by including this compression block
in the system.
In the simulations involving the compression block the data was first input
into a data compression block where a discrete wavelet transform is applied, the
resulting low and high-pass subbands are then filtered so that only the low-pass
subbands are left for transmission. The data is then converted to N parallel
streams of data where N corresponds to the 16 subcarriers used in the OFDM
transmission. The baseband mapping constellations used were the 16-, 32- and
64-QAM constellations which are common constellations used in DFT-based
OFDM systems (see OFDM applications in chapter 3).
Since DFT-based OFDM is used there needed to be a cyclic prefix appended
to the data after the IDFT process so as to reduce the inter-channel interfer-
ence (ICI) in the received data symbols. The length of the cyclic prefix was
determined from the simulated multipath channel impulse response length and
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consisted of appending Lh+1 symbols from the end of the OFDM block to the
beginning of the block.
The channel used for the transmission was a multipath fading channel with 5
multipaths (i.e. Lh = 5) with AWGN, the signal-to-noise ratio of this noise was
defined as the ratio of the average QAM-symbol energy over the noise energy
per QAM-symbol.
4.2.1 Error Measures
For the experimental results the error measures used were relative mean squared
error, structural similarity and peak signal-to-noise ratio. These error measures
are outlined as follows.
Relative Mean Squared Error
To measure the error for data received from this system the relative mean
squared error (RMSE) is calculated. RMSE is a method of calculating error
that compares pixel-by-pixel or sample-by-sample between the sent data stream
and the received data stream. RMSE is defined as:
RMSE =
M∑
i=1
N∑
j=1
[x(i, j)− xr(i, j)]2/
M∑
i=1
N∑
j=1
[x(i, j)]2 (4.1)
where x and xr are the original and reconstructed data stream respectively, N
is the number of rows in the data stream (N is equal to 1 for a vector) and M
is the number of columns in the data set.
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Structural Similarity
The second error measure method, which is commonly used for images, is called
structural similarity and was proposed in [88]. Structural similarity (SSIM)
considers the perceived quality of an image, therefore rather than a pixel value
by pixel value comparison (such as in the RMSE method) SSIM considers such
things as a luminance, contrast and pixel structure comparisons.
Since the human eye perceives certain errors much more easily than other
errors this measure is very useful when determining the quality of images. Figure
4.2 shows an example of a situation where the RMSE value of images can be
almost identical but the eye perceives the error differently.
Figure 4.2: Clockwise: Original image, image corrupted with impulsive noise, lossy
JPEG compressed image and image corrupted with AWGN.
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In each of the cases in the above figure the RMSE value was calculated as
≃ 0.185, but structural similarity varied from 70% for the image corrupted with
impulsive noise, 59% for the image corrupted with AWGN and 43% for the lossy
JPEG compressed image. It’s clear from this that not all errors are equal.
The algorithm for calculating structural similarity as defined in [88] is out-
lined as follows:
The luminance measure of the images is defined as:
l(x,y) = (2µxµy + C1)/(µ
2
x + µ
2
y + C1) (4.2)
where µx and µy are the mean values of the images x and y respectively and
C1 is defined as:
C1 = (K1L)
2 (4.3)
where L is the dynamic range of the pixel values and K1 << 1.
Similarly the contrast measure is defined as:
c(x,y) = (2σxσy + C2)/(σ
2
x + σ
2
y + C2) (4.4)
where σx and σy are the standard deviations of the images x and y respectively
and C2 is defined as:
C2 = (K2L)
2 where K2 << 1. (4.5)
The structure measure is also defined as:
s(x,y) = (σxy + C3)/(σxσy + C3) (4.6)
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where C3 = C2/2 and σxy is defined as:
σxy =
1
N − 1
N∑
i=1
(xi − µx)(yi − µy) (4.7)
Finally the structural similarity is defined as:
SSIM(x,y) = [l(x,y)]α.[c(x,y)]β.[s(x,y)]γ (4.8)
where α, β and γ are considered equal to 1.
Peak Signal to Noise Ratio (PSNR)
Peak signal-to-noise ratio (PSNR) is another error assessment metric often used
in evaluating video and image codec performance [89].
PSNR is an objective quality assessment measure which is defined as the
ratio of the peak signal and the noise corrupting the image or video [90]. PSNR
is evaluated using the simple algorithm:
PSNR = 10 log10(
2M − 1
MSE
) (4.9)
where 2M − 1 is the maximum value a pixel can take and MSE is the mean
squared error.
The simplicity of this algorithm makes it popular in the field of multimedia
quality assessment in determining the amount of error different compression
algorithms and codecs apply to an image/video. This error measure does not
give a precise indication of the quality of an image or video as perceived by the
human eye, but it is still considered an important measure when considering
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video and image manipulation algorithms [89], [90].
4.2.2 Image and Video Transmission with No
Compression
Initially, image transmission will be considered in a DFT-OFDM system with
no compression applied, this will be a good benchmark test for the amount of
error caused by the transmission schemes and the amount of error caused by the
compression techniques being applied to the data. These results were obtained
by performing 100 simulations and averaging the results obtained.
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Figure 4.3: Relative mean squared error for images for eight different SNRs (no
compression applied)
The system used to obtain these results is a typical DFT-based OFDM
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system with 16-QAM baseband modulation mapping and 16 subchannels used
for the OFDM transmission. Figure 4.3 shows the RMSE error obtained from
the transmission of images for signal-to-noise ratios of 5 - 40 dB.
Figure 4.4 shows the structural similarity obtained from the same OFDM
transmitted image data.
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Figure 4.4: Structural similarity of images for eight different SNRs (no compression
applied)
These results show that for signal-to-noise ratios above 25 dB error in this
type of system tends to zero. The structural similarity in these cases is also
nearly 100% showing very good quality is obtained at these SNRs. For SNRs
below 25 dB there is some degradation in quality of the received image data
with a decrease in the SSIM results (to 34.6% at SNR = 5dB) and an increase
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in the RMSE value (to 0.27 at SNR = 5dB).
This high quality of received data is expected at these SNRs since there is
very little channel noise to corrupt the data and no compression applied so no
data loss can be attributed to a lossy compression schemes.
The same process as described above was also applied to a set of video
frames. The error results from this are shown in figures 4.5 and 4.6.
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Figure 4.5: Relative mean squared error for video frames for eight different SNRs (no
compression applied)
Figure 4.6 shows the structural similarity obtained from the same OFDM
transmitted video frames.
Both figure 4.5 and 4.6 show the same result as that obtained from the
image transmission. These results show that the behaviour of this system with
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Figure 4.6: Structural similarity of video frames for eight different SNRs (no com-
pression applied)
no compression is equivalent for both still images and video content.
4.2.3 Image Transmission with Wavelet Subband
Compression
Knowing the benchmark result for DFT-OFDM transmission with no compres-
sion applied, the effect of wavelet subband compression with OFDM can be
assessed. The following results show the error obtained from compressing and
then transmitting image data. Each simulation was performed 100 times and
averaged to give an indication of the results that would be expected in this type
of system.
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The type of compression used in this system was the wavelet subband com-
pression method where the wavelet coefficients obtained from the decomposition
of the original image were passed through a low-pass filter so as to remove the
high frequency subband coefficients, for this compression block the wavelet used
was the Daubechies 7 since, according to the literature, this wavelet works well
for this type of compression [25]. The figure below shows the RMSE results for
16-, 32- and 64-QAM baseband modulation mapping.
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Figure 4.7: Relative mean squared error for images for eight different SNRs
Figure 4.8 shows the structural similarity obtained from the same wavelet
compressed and transmitted image data. Again the results are for 16-, 32- and
64- QAM modulation mapping.
Figure 4.9 shows the PSNR values obtained from the compressed and trans-
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Figure 4.8: Structural similarity of images for eight different SNRs
mitted image data.
These results show that using a lower order QAM gives better performance
in this type of system, this result is expected as the constellation points in lower
order QAM maps have a greater Euclidean distance between them. In noisy
channel situations this increased distance between points decreases the chance
of the receiver making an incorrect decision on the constellation point selected
[4]. This is shown by considering the probability of error formula for QAM in
equation (4.10).
Pb = Q(
√
d212
2N0
) (4.10)
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Figure 4.9: PSNR of images for eight different SNRs
where d12 is the Euclidean distance between points 1 and 2, N0 is related to the
gaussian noise power spectrum and:
Q(x) = 1−
∫ x
−∞
1√
2pi
e−t
2/2dt (4.11)
As well as the performance due to the QAM order it can also be seen in
figure 4.8 that the structural similarity results also show that there is some loss
of image quality due to the subband filtering process and that a maximum SSIM
index of approximately 76% is achieved at a SNR of 40dB. When compared to
the SSIM results obtained in section 4.2.2 where no compression was used,
it is clear that this reduction in image quality is purely due to this subband
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compression scheme as it is a lossy compression algorithm that will cause data
loss. At high signal-to-noise ratios all QAM constellations perform comparably
giving a RMSE value of approximately 0.1 at a SNR of 40dB for QAM orders
16 - 64.
By calculating the average RMSE obtained for each of the individual im-
ages at a signal to noise ratio of 35dB and using the Daubechies 7 wavelet figure
4.10 was obtained. This figure shows the dependence between the type of im-
age being processed and the amount of error obtained using this transmission
method.
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Figure 4.10: RMSE obtained for individual images for SNR = 35 dB
From these results it can be seen that error was not consistent between
individual images, images 1, 14, and 35 had a noticeably higher error than the
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other images while images 27, 31 and 40 had noticeably lower error (for the full
sample of images used in these experiments please refer to appendix A for the
images and their corresponding image numbers).
The images that compressed well in these experiments have very little de-
tail contained within them and tend to consist of basic textures. This result is
expected for these types of images since these tend to have low spatial frequen-
cies therefore most of their wavelet coefficients would be confined to the low
subband regions.
The images that did not compress well on the other hand tended to have a
lot of detail in them and a lot of light/dark variations which would give them
a generally higher spatial frequency. After wavelet decomposition and subband
removal much of this information would also be removed.
4.2.4 Video Transmission with Wavelet Subband
Compression
Again results were obtained for the compression and transmission of video
frames. The following results were obtained when the frames were transmit-
ted using DFT-OFDM with wavelet subband compression.
Figure 4.11 shows the RMSE obtained for these video frames. These results
show a very similar result to the transmitted images with 16-QAM giving the
least error while at high signal-to-noise ratios all QAM constellations perform
similarly.
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Figure 4.11: Relative mean squared error for video for eight different SNRs
Figure 4.12 shows the structural similarity obtained from the same wavelet
compressed and transmitted video data. Again the results are for 16-, 32- and
64- QAM modulation mapping.
Figure 4.13 shows the PSNR values obtained from the compressed and trans-
mitted video data.
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Figure 4.12: Structural similarity of video for eight different SNRs
Again the results show for videos a very similar result as that obtained
for images. The structural similarity reflects the trend shown for images but
a slightly smaller peak SSIM value of ≃ 71% shows a slight decrease in the
maximum quality that could be obtained from video transmission.
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Figure 4.13: PSNR of video for eight different SNRs
4.3 Conclusions
This chapter has looked at the transmission of image and video data when using
traditional DFT-based OFDM with and without a wavelet subband compression
block. The compression used was a subband filtering method where the wavelet
decomposition of images are passed through a low-pass filter to retain the ap-
proximation coefficients while discarding certain subbands containing the detail
coefficients. This method is a useful method of compression as in many cases
a wavelet decomposition concentrates the vast majority of a signal’s energy in
these low subbands.
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Results from DFT-OFDM transmission with no compression applied to the
data show that at signal-to-noise ratios above 30dB the error rates tended to
zero while the structural similarity of the images and video frames tended to
100%. For SNRs below this there was the expected reduction in performance
as the noise magnitude increased in the channel.
The results obtained from the DFT-OFDM process with wavelet compres-
sion included showed that this type of compression leads to some reduction in
quality, with a maximum structural similarity of 71% being obtained for the
highest SNR tested. Again this technique worked well for data transmission
through a channel containing minimal noise to corrupt the signal (i.e. >30 dB).
It was also shown that the baseband modulation mapping has a strong influ-
ence on the error obtained. Using 16-QAM modulation gave better performance
than both 32 and 64-QAM as the constellation points in 16-QAM have a larger
Euclidean distance between them giving the receiver a better chance of correctly
detecting the symbols transmitted [4].
These results also show video frames perform in a very similar manner to
the images giving much the same results for the same SNRs and the same QAM
constellation mappings.
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Chapter 5
A New Compressive OFDM system
for Multimedia Data Transmission
5.1 Introduction
This chapter will introduce a new method of improving upon the typical OFDM
system by incorporating data compression in with the OFDM encoding and
transmission block to reduce computational complexity of the transceiver.
With the sheer volume of data contained in multimedia information it is
very inefficient if this data is transmitted in its raw, uncompressed form. For
the vast majority of multimedia transmission and storage systems some form
of compression needs to be applied to this raw data to reduce its size. The
basic premise of data compression is to take the raw data containing redundant
information and to remove this redundant information while still maintaining
the integrity of information [46].
In dealing with data transmission and storage many compression schemes
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have been developed. In data with high correlation between successive samples
(whether the samples are pixel values in an image or other data) coding schemes
such as run-length encoding (RLE) can be used. RLE encodes the lengths of
data-runs (successive samples with the same values) and replaces the run with
a symbol to represent its length and value. Entropy encoding is also another
general compression scheme used in data compression. Entropy encoding is
used when only a finite number of values occur in a data set, each of these set
of values are assigned a probability of occurrence. Depending on how common
each symbol is a variable length codeword is assigned to represent each symbol.
In theory extremely common symbols will be replaced by a single (or very short)
codeword while rare symbols will be assigned longer codewords, hence achieving
compression [11],[46].
More specific compression standards used in multimedia compression in-
clude; the MPEG1 layer III compression standard (also known as MP3) which
has been widely adopted in audio data compression, MPEG video-layer stan-
dards (MPEG1, 2 and 4) for video data compression and discrete cosine and
wavelet based compression schemes (JPEG and JPEG2000) which have been
adopted in still image compression.
One of the main aspects associated with including compression in a data
transmission system is the processing time added to the system. Figure 5.1
shows a general framework for a transmission system with a preliminary com-
pressive block before processing occurs for modulation.
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Figure 5.1: Block diagram of a general transmission system with compression block
5.2 The Proposed System
In the works in [91] it was noted that by replacing the IDFT block of an OFDM
transmission system with a wavelet transform that inter-symbol as well as inter-
channel interference (ISI and ICI) could be substantially reduced in wireless
OFDM as compared to that obtained in a traditional DFT-OFDM transmis-
sion system. It was also noted in [33] that wavelet-based OFDM has such a
robustness to ISI and ICI due to the spectral containment properties of the
discrete wavelet transform that a cyclic prefix needn’t be applied to the trans-
mitted data at all. This discovery meant that the efficiency of an OFDM system
could be substantially increased by replacing the DFT block with a DWT block
allowing this removal of redundant cyclic extension data.
To alleviate some of the problems associated with traditional DFT-based
OFDM, most notably the reduced efficiency due to the need for a cyclic prefix
as well as the time consuming compression block, a system is proposed that
will improve the transmission scheme. This proposed scheme improves the
system efficiency by combining data compression using the discrete wavelet
transform (DWT) with OFDM transmission as used in wavelet-based OFDM
transmission. By combining the two operations into one block, computation
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time can theoretically be decreased. A block diagram of this proposed system
is shown in figure 5.2.
Figure 5.2: Block diagram of the Proposed Compressive OFDM Transceiver
The following sections look at the break-down of each individual block in
this system.
5.2.1 Baseband Modulation Mapping
In this system a serial to parallel conversion takes place immediately on a
sequence of binary symbols. These N parallel data streams are then input
into an M-QAM constellation encoder where the baseband modulation map-
ping process takes place, this process converts the binary data into the form
of M-level encoded complex values. As in traditional OFDM these symbols
take the form of d(m)n = (d
(m)
0 , d
(m)
1 , ...d
(m)
N−1) where m is the OFDM block num-
ber and N is the number of subcarriers used in the modulation. The indi-
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vidual elements (d(n,m)) of this matrix are complex numbers of the form:
d(n,m) = a(n,m) + ib(n,m).
5.2.2 Compressive Unit
Where the proposed scheme varies from traditional OFDM systems is in the
compressive unit where compression, modulation and parallel multiplexing all
take place together.
The data from the previous baseband encoding block has a 2-dimensional
DWT applied to it. Since the M-QAM encoded data is in the form of complex
numbers the DWT process is applied to both the real and imaginary components
of d(m)n . The result of this wavelet transform process is still a parallel stream of
complex numbers D(m)n .
The general equation for a 1-dimensional DWT process is shown in equations
(5.1) and (5.2). This process consists of a multi-resolution decomposition of an
original series of data samples (x[n]).
DWTx(j, k) = cj,k =
∑
n
x[n]h∗j [n− 2jk] (5.1)
bj,k =
∑
n
x[n]g∗J [n− 2Jk] (5.2)
where J is the desired resolution of the decomposition, j = 1, 2, ..., J ; k is
the discrete time shift; hj[n− 2j] is the discrete wavelet function; gJ [n− 2J ] is
the scaling sequence; cj,k are the wavelet coefficients, and bj,k are the scaling
coefficients.
By inserting the data (d(m)n ) from the proposed system in for x[n] in equations
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(5.1) and (5.2) the parallel data stream (D(m)n ) out of the DWT block for the
proposed system can be derived. In one-dimension the wavelet and scaling
coefficients obtained from the mth OFDM block will be:
c
(m)
j,k =
∑
n
ℜ(d(m)[n])h∗j [n− 2jk] + i
∑
n
ℑ(d(m)[n])h∗j [n− 2jk] (5.3)
b
(m)
j,k =
∑
n
ℜ(d(m)[n])g∗J [n− 2Jk] + i
∑
n
ℑ(d(m)[n])g∗J [n− 2Jk] (5.4)
This process is then repeated in the horizontal direction to obtain the 2-
dimensional DWT of the data. The result of this entire process is the creation
of an approximation subband, which is simply a downsampled version of the
original data, as well as additional subbands, these being the horizontal, vertical
and diagonal detail coefficients. The number of these additional subbands is
dependant on the desired resolution (J).
In the proposed system the output of this transform block consists of com-
plex numbers representing these subband coefficients of the signal. To achieve
compression low-pass filtering is applied to the coefficients to eliminate the high
frequency coefficients. The low-pass filtering ensures only the approximation
and horizontal subband components are retained for transmission.
In the case of image compression this wavelet subband compression process
is traditionally performed on the raw image data (with pixel values consisting of
integers between 0 and 255) in a separate compressive block before performing
Chapter 5. A New Compressive OFDM system for Multimedia Data
Transmission 105
an OFDM multiplexing operation on the data. A potential issue that needed to
be considered when altering this traditional method and performing the wavelet
subband compression on QAM encoded symbols was whether this method would
degrade the reconstructed data more than when using the traditional compres-
sion method. Figures 5.3 and 5.4 show the reconstruction of the Lena image
after a wavelet subband compression operation is performed on raw pixel values
(figure 5.3) and QAM encoded data (figure 5.4). These results are purely from
considering compression and reconstruction using the two different methods, at
this point no OFDM transmission or channel effects have been introduced.
Figure 5.3: Original image (left) and reconstructed image (right) after image is
wavelet subband compressed
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Figure 5.4: Original image (left) and reconstructed image (right) after image is both
baseband encoded and wavelet subband compressed
From these images it is clear that there is very little visible difference between
the reconstructed images for both these methods. Since subbands have been
removed in both cases there is some loss of data and hence errors occurring.
To quantify this data loss the three error measures described in chapter 4 were
used, these are: relative root-mean squared error (RMSE), structural similarity
(SSIM) and peak signal-to-noise ratio (PSNR).
From these error measure algorithms a quantitative error analysis can be
performed on the two compression techniques. Average RMSE and SSIM values
were calculated over the 69 images, for wavelet subband compression on raw
pixel values using a Daubechies order 6 wavelet filter (example shown in figure
5.3) an average RMSE value of 0.075 was achieved, this corresponded to an
average structural similarity of 83.2% and a PSNR value of 32.7dB, compared
to the wavelet compression of 256-QAM encoded symbols (example shown in
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figure 5.4) where an average RMSE of 0.081, an average structural similarity of
81% and a PSNR value of 32.7dB was achieved.
These error measurements show a negligible increase in error for the pro-
posed compression method. Looking deeper into the proposed method, the
relationship between pixel values and the QAM values each of these pixels is
mapped to is considered more closely.
Figure 5.5 shows two maps of the in-phase and quadrature QAM components
that each pixel in the Lena image is mapped to. These two maps were produced
by treating each amplitude component on the in-phase and quadrature axes of
the QAM constellation as pixel values to produce a map of values between −15
and 15. These values were then mapped to colours varying from dark blue
for the lowest value to dark red for the highest value. It’s very interesting to
note the strong visual correlation between the in-phase QAM component and
the original Lena image, even the quadrature component has some weak visual
correlation to the original image.
Figure 5.5: In-phase (left) and quadrature (right) components of the 256-QAM mod-
ulated Lena image
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This relationship further confirms that the proposed method of modulating
and wavelet compressing an image in one block is a viable method since the
spatial frequencies of an image and the correlation between neighbouring pixels
remains consistent even after modulation mapping. This is very important since
the structure of a wavelet decomposition depends heavily on these properties
of an image. The fact there is a very small increase in the RMSE for the two
methods can be weighed up against the potential for reduction in computational
complexity.
5.2.3 Carrier Modulation
Because wavelet OFDM does not require a guard interval these coefficients can
then be passed to the carrier modulation block of the system as follows.
The parallel stream of subband filtered complex wavelet coefficients are then
used to modulate the N orthogonal carriers before being multiplexed and trans-
mitted via OFDM.
A diagram of typical carrier modulation is shown in figure 5.6.
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Figure 5.6: Carrier modulation of the wavelet filtered data
For the OFDM transmission N orthogonal subcarriers are used to modulate
the data. To obtain orthogonality between OFDM symbols, and hence to be
able to isolate the data at the receiver, the frequency spacing between the
subcarriers needs to be multiples of 1
T
where T is the OFDM symbol duration
[8]. The result of this proceedure is shown in equation (5.5)
stransmit(t) =
n=N∑
n=1
D(m)n (t)e
j(2π(fc+
n
T
)t) (5.5)
where fc is the initial carrier frequency, fc+ nT is the n
th carrier frequency offset
and D(m)n is the mth OFDM data block.
The resulting RF modulated OFDM symbols are then transmitted on a
channel. The receiver then performs channel equalisation and the inverse of the
transmission operations on the received data to obtain the original data stream.
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5.3 Conclusions
In this chapter a novel compressive wavelet filter based OFDM transmission
scheme was introduced. The advantages of this system is its ability to reduce
computational complexity and improve the efficiency of traditional OFDM by
merging the compression and transmission operations into one block. This
was achieved by incorporating both the compressive abilities of the wavelet
transform as well at the orthogonal nature of wavelet basis functions to create
a parallel transmission scheme based on OFDM.
By using wavelet transforms in this new multi-carrier multiplexing scheme
the benefits of wavelet OFDM discussed in [33] and [91] can also be realised;
namely the spectral containment of the OFDM symbols resulting in a reduction
of ISI and ICI. This attribute also results in the removal of the cyclic prefix all
of which adds up to efficient transmission system.
In the next chapter the systematic aspects of this system will be further
examined with a look at how this system could be implemented in reality.
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Chapter 6
System Analysis
6.1 Introduction
In chapter 5 a new OFDM system was introduced which could compress and
modulate a signal simultaneously. While the techniques used to compress, mod-
ulate and multiplex a signal is important there are many other systematic con-
siderations in an OFDM transmission system that need to be addressed and
analysed.
Shown in figures 6.1 and 6.2 are block diagrams of the transmit and receive
systems used in OFDM. These diagrams include the cyclic prefix extension
blocks, synchronisation considerations and channel coding. These blocks are
just as important in implementing an OFDM system as the compression and
modulation components.
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Figure 6.1: The transmit block of a general OFDM communication system.
Figure 6.2: The receive block of a general OFDM communication system.
This chapter will look at the new compressive transceiver system and con-
sider some of these practical implementation issues, the chapter will start by
looking at channel coding and consider some of the common channel codes used
in OFDM systems. The second section of this chapter will look at the cyclic
prefix extension on OFDM blocks and examine the reasons DFT-OFDM needs
this cyclic prefix, this section will also consider how and why the cyclic pre-
fix issues differ for DWT-OFDM. Thirdly this chapter will consider the issues
OFDM systems have with synchronisation, in this section different synchronisa-
tion methods will be discussed and considered for their appropriateness in the
proposed system.
Lastly multiplexed multimedia data transmission will be considered. As this
type of data stream is often used in multimedia transmission systems, such as
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the DVB-T standard, it is important to consider how this type of data can be
handled in the new compressive OFDM system.
6.2 Channel Coding in OFDM Systems
Channel coding is an important block in all communication systems. The pur-
pose of channel coding is to reduce the amount of error, or to allow a receiver
to detect and correct errors that have occurred due to noise and channel effects
corrupting the signal that was transmitted [10].
In the DVB-T standard [24] the channel coding used in digital television
broadcasting is outlined. In this standard the channel coding occurs over two
phases; phase one is called the "outer coding and outer interleaving" phase
and is performed using the Reed-Solomon code. The second channel coding
phase is called the "inner coding and inner interleaving" phase which applies a
convolutional code to the data.
In other works on coding in OFDM systems there has been interest in an-
other type of channel coding called Turbo coding, this type of channel coding
has been considered as a replacement for the inner convolutional coding phase
of an OFDM system, [101]. This type of coding is attractive for this purpose
for its ability to reduce bit-error rates and reduce ICI in OFDM systems [102],
[103].
6.2.1 Reed-Solomon Coding
The Reed-Solomon code was originally outlined in [104], this work proposed an
error correcting code that was based on Galois (or Finite) Field theory. This
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code is a type of BCH code (Bose, Chaudhuri and Hocquenghem code) where
the message symbols and code generator are represented using polynomials of
finite fields [105].
In designing appropriate generator and field polynomials, finite fields need to
be defined suitable to the type of data being transmitted via the communication
system. Finite field theory states that for any prime number, p there is a finite
field, GF (p) associated with that prime number (where GF is the notation for
a Galois field). For this finite field an extension field of size q = pm can then be
defined as GF (pm) where m is any positive non-zero integer [105].
For Reed-Solomon coding the value of the prime number p used is 2 which
can then be used to define fields for encoding binary data. Reed-Solomon coding
is in itself a non-binary code but instead defines blocks of binary data and assigns
each block a field element, αi from the field GF (2m). An example of this type
of field is given in equation 6.1.
GF (2m) = {0, α0, α1, α2, ..., α2m−2} (6.1)
Each of the field elements from this finite field is defined as shown in equation
6.2 [105].
αi = ai(X) = ai,0 + ai,1X + ai,2X
2 + ...+ ai,m−1X
m−1 (6.2)
These fields can be represented by way of primitive polynomials. Therefore
for each finite field used to represent a block of transmitted data a field poly-
nomial can be used to define that field. In the case of DVB-T transmission the
field polynomial associated with the Reed-Solomon coding of the transmitted
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MPEG stream is: p(x) = x8 + x4 + x3 + x2 + 1 [24]. This polynomial has been
derived from the primitive polynomial for a finite field of 8 elements (i.e each
data block will consist of 8 bits mapped to a single finite field element, αi).
The standard notation to define the Reed-Solomon code used for any appli-
cation is given as RS(n, k) this notation is used in encoding standards to define
the total encoded block size, n for the code being used and the uncoded mes-
sage block size, k before parity blocks are added. Clearly from this the length
of the parity blocks can be found by subtracting k away from n. In the case of
the DVB-T standard the Reed-Solomon code used is given in the standard as
RS(255, 239) which means a total encoded block of MPEG data is 255 symbols,
the original, uncoded, MPEG block is 239 symbols therefore the length of the
parity code added to the encoded block is 16 symbols (2t = 16).
The length of this parity block is directly related to the number of symbols
the error correcting code can correct for at the receiver and the code generator
polynomial is selected depending on this specific requirement. By having a
parity block size of 2t = 16 symbols, the DVB-T Reed-Solomon code can be used
to correct up to t = 8 incorrect/corrupted symbols at the receiver. Depending
on the application the code is being used for and/or the channel conditions of the
communication system the number of parity symbols can be varied accordingly.
For a system that needs to correct for a potential t number of corrupted
symbol blocks a code generator polynomial can be given as:
g(x) = (x+ α0)(x+ α1)(x+ α2)...(x+ α2t) (6.3)
where αi are the roots of the code generator polynomial.
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Therefore using equation 6.3 the code generator polynomial used in DVB-T
is: g(x) = (x+ α0)(x+ α1)(x+ α2)...(x+ α15) [24].
Once both the field generator polynomial and the code generator polynomial
are defined the Reed-Solomon code can be applied using a linear feedback shift
register circuit which in effect performs polynomial algebra on the data being
encoded. This system works by moving the incoming block of data into the
(n − k)th stage of a shift register which does the same thing as upshifting the
message polynomial by xn−k. This upshifted polynomial is then divided by the
code generator polynomial which will give the parity polynomial. This parity
polynomial is then appended to the upshifted data to complete the encoding
[105].
At the receiver the received data is again translated to coefficients of a poly-
nomial, the receiver then checks the parity data to make sure the parity symbols
belong to the correct set of codewords. Finally the decoder can check whether
the received polynomial coefficients are roots of the generator polynomial; if
this check proves to be true then no error has occurred, if the check comes back
false then an error can be detected, located and corrected. This technique is
called Syndrome computation [105].
6.2.2 Turbo Codes
Another type of channel coding used in OFDM systems is turbo-coding which is
a block coding technique first proposed in [102]. Turbo coding is a type of con-
volutional coding where two identical recursive systematic convolutional (RSC)
coders are concatenated together using parallel concatenation. The output of
these two RSC units are then interleaved together to create the turbo-coded
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output.
Figure 6.3 shows the block diagram of the turbo coder given in [102].
Figure 6.3: Block diagram of a turbo-coding system consisting of two concatenated
RSC coders of memory = 4 [102].
In the block diagram dk is the incoming bit sequence to be encoded. The
outputs from this system are given byXk = dk and Yk (where Yk is a multiplexed
output of Y1,k and Y2,k).
The unique thing about this encoding system is the use of two convolutional
encoders to produce the encoded outputs, the only difference between the inputs
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to the two RSC encoders is that the input to encoder 1 is the bit stream dk
while the input to encoder 2 is a delayed and interleaved version of dk, this
process changes the order of the bit sequence entering encoder two.
The behaviour of a turbo coding system is given in the following [102],[106]:
For a basic 1/2-rate convolutional encoder the output is a bit pair given by:
Xk =
K−1∑
i=0
g1idk−i mod 2 g1i = 0, 1 (6.4)
Yk =
K−1∑
i=0
g2idk−i mod 2 g2i = 0, 1 (6.5)
where K is the encoder length, K − 1 is the memory of the encoder and G1 =
{g1i} and G2 = {g2i} are the code generators.
For a turbo coder 1/2-rate RSC coders are used, this type of code is closely
related to the convolutional code but it uses a feedback loop to continuously
feed back encoded information to the input. This type of coder also sets one
of the output bits (Xk or Yk) to the incoming bits, dk. A recursive algorithm,
shown in equation 6.6, is then used to determine ak (the memory input) of the
system [102], [106].
ak = dk +
K−1∑
i=1
g
′
iak−i mod 2 (6.6)
where g
′
i is equal to g1i if Xk = dk and g2i if Yk = dk.
While this formula shows the output of a single RSC encoder, in a turbo-
coding system two of these coders are concatenated together. In the turbo-
coder case there will still be two outputs from the encoder, Xk which will be
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the original data bits and Yk which will be the parity bits appended to the
data. Yk though will consist of a combination of Y1k and Y2k (each of which
make up half the parity bits to be transmitted), these two encoder outputs will
be interleaved together and in some cases punctured according to a puncturing
pattern [102].
To decode this type of code a log-likelihood ratio process at the receiver can
be used. A turbo-decoder from [102] is shown in figure 6.4
Figure 6.4: Block diagram of a turbo-decoding system from [102].
This diagram shows two separate decoding blocks, DEC1 and DEC2, that
are used to decode the encoded information. The input to this decoding system
is the data xk and the redundant bits yk these bits are the bits generated during
the turbo-coding process with noise added from transmission.
In this system Λ1(dk) is found using a log-likelihood detection algorithm
given in equation 6.7:
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Λ1(dk) = log
Pr{dk = 1/observation}
Pr{dk = 0/observation} (6.7)
This turbo-coding technique has been shown to perform well in OFDM sys-
tems, this method has been proposed as a replacement to inner convolutional
coding in the basic OFDM standard while still using a Reed-Solomon outer
encoding block [101], [103].
6.3 Cyclic prefix
In standard DFT-based OFDM several considerations need to be made in the
formation and transmission of an OFDM symbol, one of the main issues is the
cyclic prefix addition to reduce inter-channel interferences. For wavelet-based
OFDM it was found that this cyclic prefix was unnecessary due to the spectral
characteristics of the OFDM symbols formed from wavelet filtering [33], [91].
This section will consider this in the proposed system and look at whether the
same applies in this case.
For OFDM systems that employ the discrete Fourier transform in the for-
mation of the symbols rectangularly filtered pulses are used in the modulation
of the OFDM symbol, due to this type of filtering DFT-OFDM symbols have
substantial spectral overlap [33]. In these cases as soon as multi-path chan-
nel distortion occurs to the symbols these overlapping subcarriers will start to
interfere with each other causing inter-carrier interference (ICI). ICI is an un-
desirable effect that will increase the bit error rates of the data being received.
Work was produced by S. Weinstein in 1971, [21], on how this could be
avoided and in it was proposed that a cyclic extension, or guard interval, could
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be appended to the OFDM data to mitigate this effect. This cyclic extension
should be long enough to span the length of the channel impulse response so
subchannel isolation can be achieved at the receiver.
Figure 6.5: An OFDM symbol before cyclic prefix (above) and after adding cyclic
prefix (bottom).
For all practical DFT-based OFDM systems this cyclic extension has become
the standard [73]-[77]. As shown in figure 6.5 the accepted method for applying
a cyclic extension to an OFDM symbol is to take a portion of the end of the
OFDM symbol (with a length Nc) and append this portion to the start of the
symbol [93]. This cyclic prefix length, Nc, is selected depending on the channel
impulse response length, Lh, to assure its length is adequate.
6.3.1 Cyclic Prefix in Wavelet-Based OFDM
In the proposed system wavelet-based OFDM is used instead of DFT-based
OFDM, this difference in symbol formation changes some of the characteristics
of the system as the use of wavelet filters affects the spectral characteristics of
a signal being transmitted.
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In [33] an analysis of wavelet-based OFDM was performed and how the char-
acteristics of this type of OFDM affect the need for a cyclic prefix extension. In
this work it was found the spectral properties of an OFDM symbol filtered us-
ing a DFT process were substantially different to OFDM symbols filtered using
wavelet based filters. An example of these contrasting spectral characteristics
are shown in figures 6.6 and 6.7.
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Figure 6.6: The magnitude spectrum of three subchannels of a DFT-OFDM trans-
mitted symbol.
These figures show that the attenuation of the sidelobes for symbols trans-
mitted using DWT-OFDM is much greater than the attenuation of the sidelobes
for DFT-based OFDM, this means the amount of energy overlapping from neigh-
bouring subchannels is substantially less for DWT-OFDM signals.
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Figure 6.7: The magnitude spectrum of three subchannels of a DWT-OFDM trans-
mitted symbol.
To maintain orthogonality of the OFDM symbols and to fulfil Nyquist’s
criterion for zero ISI, the choice of transmit filters is of utmost importance. In
DFT-OFDM these filters are rectangular, effectively truncating the sinusoidally
modulated symbols in time [21], [38], this harsh symbol truncation will result
in an almost [sin(x)/x]2 shape of the spectra which leads to the high degree of
spectral overlap as shown in figure 6.6.
Orthogonality of these transmitted symbols can be maintained if the trans-
mit channel is perfect, distortionless and time invariant. In reality, though, time
variant effects and multi-path fading channels can disrupt the shape of these
symbols and hence the orthogonality of the incoming signals. In [21] it was
noted that these truncated sinusoids can be delayed by differing amounts in a
frequency selective and multi-path transmission medium and distortions from
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the channel could also affect the on-off transitions of the modulated carriers.
It is for these reasons that the use of guard intervals/cyclic prefixes were em-
ployed. By appending a guard period that is longer than the channel impulse
response to the OFDM symbols ICI in the system could be reduced.
The filters used in DWT-OFDM, on the other hand, do not have the harsh
rectangular response as that of the DFT-based filters, this contributes to the
much higher attenuation of the sidelobes shown in figure 6.7. Wavelet filters
still fulfil the orthogonality properties necessary to avoid distortions and they
also fulfil the Nyquist criteria for zero ISI and by slightly extending the OFDM
symbol in time they also give the OFDM symbols high spectral containment
which makes this method attractive in multi-path fading channels and slowly
time varying channels.
This high level of attenuation can reduce the amount of distortion when
orthogonality is lost between the subchannels, this makes DWT-OFDM more
robust than DFT-OFDM in multi-path fading channels. It is also for this reason
that DWT-OFDM does not require a guard interval on the transmitted OFDM
blocks [33], [36], [38].
6.4 Synchronisation
When receiving OFDM frames, synchronisation of the incoming symbols is ex-
tremely important to allow for the accurate reconstruction of the data. To
achieve this data recovery at the OFDM receiver three main criteria must be
considered to ensure the accurate reception of the data, these are: symbol
timing synchronisation, carrier frequency synchronisation and sampling clock
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synchronisation [94].
In the work in [95] both frequency and timing errors were considered and
how these can affect the received OFDM symbols. In this work it was described
that if a receiver’s carrier is offset by a integer value of the subcarrier frequency
spacing then the subcarriers will remain orthogonal relative to each other but
the received data will not be accurate, resulting in a high bit error rate (BER).
Also described was the case where the receiver carrier offset is a non-integer
multiple of the subcarrier spacing, in this case there will be energy spilling over
from adjacent subcarriers.
This concept can be explained visually in figure 6.8 [95].
If the case shown in the bottom plot of figure 6.8 occurred there will be a
loss of orthogonality between the subcarriers and inter-carrier interference will
occur. The figures show that the adjacent subcarriers will spill energy into their
neighbouring subcarrier bands. The energy contributions from each subcarrier
is shown with the overlaid symbols on the graphs.
Apart from frequency timing synchronisation, OFDM systems are also sus-
ceptible to symbol timing offset which causes inter-symbol or inter-block in-
terference between incoming OFDM frames. If symbol timing is not correctly
aligned to the incoming OFDM frames the receiver will apply the DFT window
to the incorrect starting point for the symbols, therefore causing the window
to span two consecutive OFDM frames, this will of course degrade the received
data [94],[95].
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Figure 6.8: How frequency offset at a receiver (shown by the overlaid symbols) can
affect a received OFDM symbol. Top figure: carrier frequencies are synchronised.
Bottom figure: carriers with a frequency shift of ∆f Hz.
To try to mitigate these effects OFDM receivers tend to use several frequency
and symbol timing techniques to synchronise to an incoming OFDM frame.
Generally a coarse frequency/timing synchronisation will occur first and then a
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fine synchronisation process will follow to completely correct these issues.
6.4.1 Symbol Timing and Frequency Synchronisation
For many practical DFT-based OFDM systems, including the European digi-
tal television broadcasting system (DVB-T), the transmitted OFDM symbols
contain a cyclic prefix and pilot carriers [24]. The cyclic prefix extension to the
OFDM blocks is intended to reduce inter-symbol interference resulting from the
harsh truncation of the IDFT process as well as the effects of multipath fading
channel environments while the continuous pilot carriers are used in channel
estimation in the system [96]. Both of these additional components can be
utilised in symbol timing synchronisation algorithms [94] - [98].
In [97] a maximum likelihood (ML) estimator is given for the synchroni-
sation of OFDM symbol timing and frequency offset, this method is based on
using information about the cyclic prefix and the pilot carriers transmitted with
OFDM data.
This ML estimator assumes there will be two parameters that are unknown
to the OFDM receiver system, these two unknowns are: the timing of the
incoming OFDM block as well as the precise carrier frequency, on top of these
there is also noise from the channel corrupting the data. These effects will cause
the received signal to be:
r(k) = s(k − θ)ej2π(fn+∆f)f + n(k) (6.8)
where θ is the symbol timing offset, ∆f is the frequency offset of the receiver
carriers and n(k) is additive white Gaussian noise from the channel.
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Normally with large amounts of data (s(k)) being transmitted, the probabil-
ity distribution of the transmitted symbols would tend to be a Gaussian process
with an independent Gaussian distribution representing the real and imaginary
components of the transmitted data, but since in many applications a cyclic
prefix is included in the transmitted symbols the distribution will actually be
correlated within OFDM blocks [97], [98]. One accepted cyclic prefix method is
to take the last Nc symbols from an OFDM data block and append that data to
the start of the OFDM block. It is this property that is exploited in the maxi-
mum likelihood estimator algorithms used for frame timing synchronisation.
The maximum likelihood estimators are based on an observed interval of an
OFDM stream, this interval is longer than one OFDM block since the precise
timing of the incoming block is unknown; taking a longer observation interval
will allow the synchronisation system to obtain enough information to observe
the cyclic prefix of the incoming data block. An example of an observation
interval used by the synchronisation system in shown in figure 6.9 [98].
Figure 6.9: An observed portion of an OFDM signal with cyclic prefix shown.
The length of the observed signal in this type of synchronisation system is
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2N+Nc where N is the number of subcarriers and Nc is the length of the cyclic
prefix extension. This observed signal is then passed to a system that can detect
the correlation in the signal from time delayed versions of the observed signal.
This system will give the most likely start point of the OFDM block and the
most likely carrier frequency offset from this correlation data. The system used
for this is described in [97].
The estimated timing offset, θˆML and the estimated frequency offset ∆̂fML
can be calculated using the following algorithm:
Taking the observation period, r(k), energy and correlation of the signal
are both considered. The energy function used in this system is found by the
addition of power from the observed signal sample and a sample of the observed
signal with a delay of N . This energy term is defined as:
Φ(m) =
1
2
m+Nc−1∑
k=m
|r(k)|2 + |r(k +N)|2 (6.9)
This energy term is subtracted from a correlation term given as:
γ(m) =
1
2
m+Nc−1∑
k=m
r(k)r∗(k +N) (6.10)
From this information both the frequency and timing offset can be calculated
as:
θˆML = argmax{|γ(θ)| − ρΦ(θ)} (6.11)
where ρ is a term dependent on the signal to noise ratio in the channel and is
given as ρ = SNR
SNR+1
.
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∆̂fML = −
1
2pi
∠γ(θˆML) (6.12)
where ∠ represents the angle of the complex number.
Synchronisation Without a Cyclic Prefix
While the method described above is possible for OFDM systems that use cyclic
prefixes, the proposed system, as it is based on wavelet OFDM, need not have
a cyclic prefix. Other synchronisation techniques have been proposed based
on pseudo-random or known periodic preambles being appended to the OFDM
frames [95], [99], [100]. These types of synchronisation methods would suit the
proposed OFDM system for this reason.
In [99] a particularly practical synchronisation technique is described that
consists of using a two-symbol training sequence placed at the start of an OFDM
block. For the first training symbol symmetry in the time domain is required,
this is ensured by transmitting a pseudo-random sequence on the even carrier
frequencies while transmitting nothing on the odd carrier frequencies. This
characteristic means the system relies on looking for the two identical halves of
this time domain symbol to make a decision on timing synchronisation. The
second training symbol is transmitted with a pseudo-random sequence on the
odd carrier frequencies and another pseudo-random sequence on the even fre-
quencies so frequency offset can be determined by the system.
The symbol timing estimation using this method is determined by creating a
timing metric from correlative information in the received signal. For a received
OFDM signal consisting of N subcarriers the receiver will use a sliding analysis
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window of length N to take in samples of the incoming OFDM signal, dm. A
correlation value, P (k) is then found from equation 6.13.
P (k) =
N/2−1∑
m=0
(d∗k+mdk+m+(N/2)) (6.13)
where k is the time index of the first sample taken in the window of length N .
From here an energy metric, R(k) is also defined as shown in equation 6.14.
R(k) =
N/2−1∑
m=0
|dk+m+(N/2)|2 (6.14)
Finally the timing of the incoming symbols can be found using the timing
metric, M(k), found from these two correlation and energy metrics as shown in
equation 6.15.
M(k) =
|P (k)|2
(R(k))2
(6.15)
The result of this is a function where the timing of the incoming OFDM
symbol can be found when the function is at a maximum. It is at this point
the receiver system can assume the starting point of the OFDM symbol.
This training sequence method can also be used to determine the coarse and
fine frequency offsets of the carrier frequencies. To perform a coarse frequency
offset estimation the first training sequence is used where pseudo-random noise
is only transmitted on the even carrier frequencies. Fine adjustments can then
be made by using the second training sequence where pseudo-random noise is
transmitted on both the even and odd carrier frequencies.
A coarse estimate of the frequency offset can be calculated by finding the
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phase difference between the two halves of the first training sequence. This
can be achieved by finding the angle information from the correlation metric,
φˆ = ∠(P (k)). If |φˆ| is less than pi then the frequency offset can be found using
just the first training sequence as shown in equation 6.17.
∆̂f = φˆ/(piT ) (6.16)
where T is the OFDM symbol period.
If the actual phase difference is greater than this, i.e. |φˆ| > pi then the actual
frequency offset will be:
∆f =
φ
piT
+
2z
T
(6.17)
where z is an integer. In this case the second training sequence will be required
to perform a fine frequency offset estimation on the OFDM carrier frequencies.
Since the value of z is unknown the extra phase shift is also unknown and
will need to be found by maximising another metric, B(g):
B(g) =
|∑kǫX x∗1,k+2gv∗kx2,k+2g|2
2(
∑
kǫX |x2,k|2)2
(6.18)
where x1,k and x2,k are the FFTs of the first and second training symbols (after
coarse frequency correction has been applied), vk is the pseudo-random sequence
on the even frequencies of the second training sequence, g is an integer that has
a range of all possible frequency offsets and X is a set of all the even frequency
components.
The final estimate of this frequency offset, gˆ, can then be used to finely
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correct the carrier frequency offset to obtain ∆̂f using equation 6.19.
∆̂f =
φˆ
piT
+
2gˆ
T
(6.19)
This method can be used with or without a cyclic prefix which makes it
possible to be used with the proposed system.
6.5 Dealing with Multiplexed Multimedia Data
In a video data stream transmitted via the DVB-T technique the multimedia
data transmitted consists of a multiplexed stream, the standard adopted in this
type of system is the MPEG-2 standard [107] where encoded video and audio
is multiplexed together with system data before being processed by the OFDM
system.
In the proposed system the performance of multiplexed data streams was
considered, this meant an analysis needed to be performed on how the quality
of audio could be affected by the compressive OFDM method and whether
this type of data needed to be treated differently to the image data. Figure
6.10 shows the results obtained when compressing and transmitting audio and
images in the new compressive OFDM system.
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Figure 6.10: Comparing the results from the proposed system for both images and
audio data.
Looking at figure 6.10 gives an indication of the reduction in quality obtained
in the case of audio data transmission. In this situation there was a RMSE
increase of 0.419 at a signal-to-noise ratio of 40 dB.
This result means that audio certainly would need to be treated differently
to the image/video data when being transmitted as a multiplexed stream using
the proposed compressive OFDM technique. A logical way to solve this problem
would be to modulate the audio component as a non-compressed stream using
one of the more traditional methods of OFDM transmission while the video
frames could be transmitted simultaneously on separate subcarriers using the
compressive OFDM method which is shown to perform well with image and
Chapter 6. System Analysis 135
video data (this will be considered in more depth in chapter 7).
This solution would not affect the compression aspect of the system consider-
ably since audio is a relatively small component of the MPEG multiplexed data
stream only contributing to approximately 16% of the overall data contained in
the MPEG stream [107].
6.6 Conclusions
This chapter has addressed some of the important blocks in an OFDM system
and considered appropriate methods of implementing these blocks in the new
compressive OFDM system. It has also considered multiplexed multimedia data
streams and looked at how the system could handle this type of data.
In this chapter the issue of the channel coding was firstly addressed, most
OFDM standards consist of two types of channel coding, in the DVB-T standard
these are outer Reed-Solomon coding and and inner convolutional encoder, in
the IEEE 802.11a standard convolutional encoding is used in the channel coding
stage. This chapter looked at Reed-Solomon encoding and examined how this
type of encoding works, this chapter also looked at turbo-coding which has
been considered as a good replacement for basic convolutional encoding since
its structure of two concatenated convolution encoders allows good performance
to be achieved in OFDM systems, [101], [103].
The second issue addressed in this chapter was the need for a cyclic prefix,
the cyclic prefix is defined as a number of redundant samples from the end of
an OFDM block being appended to the start of an OFDM block. The purpose
of this cyclic prefix is to reduce the ICI and IBI occurring to the data due to
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multi-path fading channel effects at transmission. In the literature the cyclic
prefix was found to be beneficial to DFT-based OFDM [21], [23], [33], [83],[93]
where the DFT-process and transmit filtering results in a harsh truncation of
the transmitted OFDM symbols. This harsh truncation results in a spectrum
that resembles a sinc function with large amounts of spectral overlap occurring
between neighbouring subcarriers. This chapter also addressed how the wavelet
transform and wavelet filtering of OFDM symbols has shown to reduce the effect
of this spectral overlap. This has allowed wavelet-based OFDM, such as the
proposed compressive OFDM system, to improve on the spectral containment
properties of OFDM systems. In wavelet based systems the literature has shown
that cyclic prefixes are of less importance and can be removed to improve on
data transmission efficiency [33], [36], [38].
Thirdly this chapter addressed the issues of symbol timing and frequency
offset in received OFDM symbols. Synchronisation is extremely important in
all transmission systems and needs to be addressed in a system to allow correct
reception of data. This chapter looked at the two main symbol timing and
frequency synchronisation techniques that are commonly used in OFDM sys-
tems, firstly a method of synchronisation was analysed which made use of the
cyclic prefix extension in synchronising the system [97]. The second method
considered was for the case where no cyclic prefix is used; it is this method
that was considered more appropriate for the proposed wavelet-based OFDM
system as the cyclic prefix is unnecessary. The latter method considered uses
time-symmetric training sequences to aid in time and frequency synchronisation
of the incoming OFDM symbols [99].
Lastly this chapter considered multiplexed multimedia data such as MPEG
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encoded data and looked at how the system could handle this type of data.
From experiments it was found that the audio would have to be considered sep-
arately to the video and would need to be transmitted using a non-compressive
transmission method. This method of handling multiplexed multimedia data
was also found to not dramatically reduce the compressive aspect of the new sys-
tem as audio only contributes to around 16% of the total data in a multiplexed
multimedia data stream.
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Chapter 7
Results and Performance Analysis
of the New Compressive OFDM
System
7.1 Introduction
The previous chapter described a novel system where the attributes of wavelet
transforms and filters were utilised to produce a system that both compresses
data and is able to filter the data so as to obtain the orthogonality required to
be transmitted using orthogonal frequency division multiplexing (OFDM). The
system is unique in that it combines the compression and transmission blocks
into one and reduces the computational complexity of the transmission system.
This chapter will look at the performance of this compressive OFDM transceiver
system and consider its strengths and weaknesses in the transmission of image
and video data.
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The first part of this chapter will describe the specific parameters used in the
MATLAB simulations and will describe the error measures used in the results
analysis. The second part will look in detail at the performance of the system
when transmitting image and video data. The chapter will conclude with a
summary of the system performance and where improvements can be made.
7.2 Simulation Results of Compressive Transceiver
The novel compressive transceiver system described in chapter 5 and chapter
6 was simulated using the MATLAB simulation software package. Simulations
were performed on image and video frame samples to get an indication of the
results that would be obtained with multimedia information signals.
The same image and video data set was used in these experiments as was
described in chapter 4. The image set was obtained from the USC-SIPI Image
Database [86] and the video database was obtained from the Arizona State
University Trave video library [87].
The raw data from these multimedia sources were firstly mapped onto 256-
QAM constellation symbols and input into the compressive block of the trans-
mitter. In this compressive block a 2-level wavelet decomposition was performed
on the data. Several different wavelets from the Daubechies wavelet family were
included to consider the effect the wavelet order has on the system being sim-
ulated. After the wavelet decomposition was performed on the data the result
was subsequently low pass filtered to remove the high frequency components
from the wavelet coefficients, these low-pass coefficients were then OFDM trans-
mitted through a multipath fading channel with additive white Gaussian noise
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(AWGN) in the same manner as described in section 4.2.
The number of OFDM subcarriers, N , used in this system was 16 and due
to the spectral containment of wavelet filters in the transceiver there was no
need for a cyclic prefix to be appended to the OFDM data symbols (see section
3.4.2 for more information on this point). The signal-to-noise ratio in these
experiments was defined as the ratio of the average QAM-symbol energy over
the noise energy per QAM-symbol.
The following subsections will look at the results obtained from firstly trans-
mitting the image data using this compressive system and secondly the results
from the video transmission. Each simulation was performed 100 times and the
results averaged to give a good indication of the expected performance of the
system.
7.2.1 Image Transmission
From the USC-SIPI Image Database [86] 69 images were selected of various
subjects, these images were then processed in the compressive transceiver sys-
tem as described in chapters 5 and 6. As discussed in section 4.2, relative mean
squared error (RMSE) was used as one of the measures of transmission error.
RMSE is defined as:
RMSE =
M∑
i=1
N∑
j=1
[x(i, j)− xr(i, j)]2/
M∑
i=1
N∑
j=1
[x(i, j)]2 (7.1)
where x and xr are the original and reconstructed data sets respectively, N is
the number of rows in the data set and M is the number of columns in the data
set. For an image N > 1 and M > 1.
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The second measure of performance used for images is structural similarity
(defined in section 4.2) [88] where contrast, luminance and pixel structure are
considered in order to calculate a percentage value for the perceived image
quality and the last measure is PSNR also defined in section 4.2. The following
results were obtained for images transmitted in this system.
Figure 7.1 shows the results of the average RMSE over all 69 images while
figures 7.2 and 7.3 show the average structural similarity and PSNR for these
same images respectively. The results shown are for eight different signal to
noise ratios: 5, 10, 15, 20, 25, 30, 35 and 40 dB and for 3 Daubechies family
wavelets: Haar, db7 and db9.
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Figure 7.1: Root mean squared error of images for eight different SNRs
The Haar (or Daubechies 1) wavelet is a good control data set for results
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Figure 7.2: Structural similarity of images for eight different SNRs
obtained from wavelet decompositions as it is the simplest of all the wavelets.
The Haar wavelet filter basis function is defined as [52]:
ψ(t) =

1, 0 ≦ t < 1
2
,
−1, 1
2
≦ t < 1,
0, otherwise,
(7.2)
This corresponds to the wavelet basis function shown in figure 7.4
Because of the simplicity of this wavelet basis function the results from a
Haar decomposition can be crude and produce some error, it can be seen from
figures 7.1, 7.2 and 7.3 that this wavelet’s performance is not the best for this
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Figure 7.3: PSNR of images for eight different SNRs
application, these figures show more error in the case of the Haar wavelet.
A more desirable type of wavelet for OFDM applications is the Daubechies
wavelet family (Haar is also considered one of the Daubechies wavelets but
Daubechies order 2+ will be considered here). Daubechies wavelet filters are
ideal for use as synthesis and analysis filters in OFDM transmultiplexers due
to the wavelet’s orthonormal properties. This property is defined as follows; a
wavelet is considered orthogonal and perpendicular/normal (i.e. orthonormal)
if its scaling functions (φ(t)) and its wavelet function (ψ(t)) have the following
properties for their inner product [56]:
〈φ(t− k), ψ(t)〉 = 0, for all k (7.3)
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Figure 7.4: The scaling function (φ(t)) and the wavelet function (ψ(t)) for the Haar
basis
〈φ(t+ l), φ(t− k)〉 = δ[k − l] (7.4)
These properties allow orthogonality to be maintained in the OFDM sym-
bols which is a requisite for effective OFDM transmission. An example of the
Daubechies 7 scaling and wavelet functions are shown in figure 7.5
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Figure 7.5: The scaling function (φ(t)) and the wavelet function (ψ(t)) for the
Daubechies 7 wavelet
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From figures 7.1, 7.2 and 7.3 it can be seen that the results for the Daubechies
7 and 9 wavelet filters produced very close to the same results for RMSE,
structural similarity and PSNR of the received images with results of RMSE ≈
0.081, SSIM ≈ 79% and PSNR ≈ 31.8dB for a SNR = 40dB.
Another aspect to be considered is the results of this transmission for indi-
vidual images. Figures 7.6 and 7.7 show the RMSE and structural similarity of
the individual received images.
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Figure 7.6: Root mean squared error for individual images at SNR = 35 dB
These results were obtained from the image transmission using the Daubechies
7 wavelet for the compression, synthesis filter and analysis filter blocks of the
transceiver. Also the signal-to-noise ratio selected was 35 dB which represents
a fairly good SNR for wireless transmission.
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Figure 7.7: Structural similarity of individual images at SNR = 35 dB
The interesting thing about these results is the fact that certain images com-
pressed and reconstructed better than others. The way a wavelet decomposition
operates on an image is dependent on the spatial frequency of that particular
image. If the image contains large variations in pixel values (particularly black
pixels next to white pixels) the image will generally have a higher spatial fre-
quency [46]. As this effect corresponds to large variations in the QAM-mapping
(see section 5.2.2 for details on this) the wavelet decomposition of the QAM-
symbols will have a large high frequency component which, using the proposed
technique, is removed at the compression point. Consequently this will give
more error.
The complete set of images used in these experiments are given in appendix
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A and can be referred to for more information on the images that compressed
well or poorly. The experimental images 8, 9, 40 and 56 were shown to com-
press well, these images generally consisted of unchanging values of pixels, these
represent images with low spatial frequencies. The subjects of these images are
either flat, grey textures or are small objects with a large portion of flat, grey
background around them (as with the jelly beans in image 40 and the aeroplane
in image 56). These images have most of their wavelet coefficients concentrated
in the low subband regions which are not removed in this transmission method.
The experimental images 1, 15, 23 and 44 compressed less impressively as
they have high spatial frequencies and consist of textures (such as grass in image
1 and roof tiles in image 15) where there is constant light to dark transitions be-
tween neighbouring pixels. Because these images have a high spatial frequency
when the high-pass wavelet subbands are discarded in the compression process
much of the fine details are also discarded giving less structural similarity and
more error in the received images.
7.2.2 Video Transmission
The following section will now look at the behaviour of the proposed system
with video input instead of images. Again the three different wavelet orders
will be assessed: Haar, Daubechies 7 and Daubechies 9.
Figures 7.8, 7.9 and 7.10 give the results obtained from transmitting the
video frames via the compressive OFDM technique.
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Figure 7.8: Root mean squared error of video frames for eight different SNRs
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Figure 7.9: Structural similarity of video frames for eight different SNRs
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These results show a very similar performance as that shown for image
transmission, a slight increase in error was observed which was mainly noticeable
in the RMSE results where images had a minimum RMSE of around 0.08 while
for the videos the RMSE was closer to 0.1. Again the Haar wavelet has given
poorer performance than the other Daubechies family wavelets which have both
performed comparably with each other.
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Figure 7.10: PSNR of video frames for eight different SNRs
Similarly to the case of the images the videos achieved a 77.5% average struc-
tural similarity at signal-to-noise ratios above around 30dB while dropping to
just under 30% structural similarity at a signal-to-noise ratio of 5dB. PSNR also
showed a similar behaviour with 31.6dB achieved at 30dB or higher and 21.7dB
at low signal-to-noise ratios (i.e. 5dB). These results are considerably closer
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to the results obtained for the DFT-OFDM transmission with no compression
applied and the next section will look at this comparison in much more detail.
7.2.3 Effects on Computational Complexity
This section will look at the amount of time taken to simulate the processing
and transmission of both image and video data using both the traditional DFT-
OFDM method with a separate compression block and the proposed compres-
sive OFDM method where compression and transmission are combined. The
computer used to perform the MATLAB simulations was running Microsoft
Windows XP, it had an Intel Core 2 Duo CPU operating at 3.16 GHz and it
had 3.48 Gb of RAM.
Table 7.1 shows the simulation times for both types of OFDM so as to con-
trast the computational complexity reduction achieved by using the proposed
compressive transmission method. These computation times were calculated by
averaging the time taken to process different sized images or by averaging the
time taken to process the individual frames of videos.
Table 7.1: Computation Times for Image and Video Transmission.
Data Types Traditional DFT-OFDM Proposed Method
256 x 256 pixel images 1.6 sec 0.3 sec
512 x 512 pixel images 4.3 sec 1 sec
1024 x 1024 pixel images 4.3 sec 1 sec
Small (176 x 144 pixel) video 4.8 sec/frame 2.7 sec/frame
Large (352 x 288 pixel) video 14.9 sec/frame 10 sec/frame
Chapter 7. Results and Performance Analysis of the New Compressive
OFDM System 151
Table 7.1 shows the reduction in computation time when using the new
compressive OFDM technique. Using the new compressive OFDM technique
has reduced the computation time to a quarter of that given by the DFT-
OFDM method. This is the case for each of the different sized images. In the
case of videos the time has not been reduced by as much but there has been a
reduction of almost half when using the new compressive OFDM method.
7.3 Performance Comparison with Traditional
DFT-OFDM
To examine the effectiveness of the compressive OFDM transceiver discussed in
chapters 5 and 6 the results from this chapter will be compared to the results ob-
tained in chapter 4 for the traditional DFT-based OFDM method with wavelet
subband compression prior to transmission. These results will also be compared
to DFT-OFDM with no compression applied to the data at all. The following
sections will look at these comparisons for image and video data transmission.
7.3.1 Image Transmission Performance
Figures 7.11, 7.12 and 7.13 show a performance comparison of the relative
RMSE, structural similarity and PSNR between images transmitted via the
traditional OFDM method and the new compressive OFDM system.
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Figure 7.11: Relative RMSE of images transmitted via compressive transceiver sys-
tem (solid line) and standard DFT-OFDM (dotted line)
These figures show the new compressive method performs particularly well in
high noise situations, the results obtained from this method shows a very similar
performance to the standard OFDM method with no compression applied to the
data. At high signal-to-noise ratios (above approximately 30 dB) both OFDM
schemes with compression applied have a similar performance.
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Figure 7.12: Structural similarity of images transmitted via compressive transceiver
system (solid line) and standard DFT-OFDM (dotted line)
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Figure 7.13: PSNR of images transmitted via compressive transceiver system (solid
line) and standard DFT-OFDM (dotted line)
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The non-compressed OFDM’s RMSE error for the high SNRs tends to zero,
while the structural similarity approaches 100% and PSNR approaches∞. This
result is to be expected as the compressive schemes used comprise of a lossy
compression algorithm, therefore there will always be some loss of quality when
compared to the non-compressed OFDM.
With this compression method, as more high frequency wavelet subbands
are removed from the image, blurring will occur in the final reconstructed image
which will give a structural similarity less than that obtained in an image with
no compression applied. As an example, figure 5.3 given in section 5.2.2 shows
a reconstructed image after only four high frequency subbands are removed.
The reconstructed image has resulted in little visible loss and has a structural
similarity of 92%. If the number of subbands removed from this data was
increased beyond the four in this example the structural similarity will further
decrease and this data loss will become more apparent to the human eye.
The results obtained in this section are good since the total amount of data
transmitted in the compressive OFDM method is reduced considerably in rela-
tion to the original raw data, in fact the compression ratio for the compressive
system is approximately 2.6:1 (this ratio varies slightly for the different wavelet
families), therefore to obtain error results so close to the non-compressed OFDM
(particularly in low SNRs) is a good initial result for this type of system.
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7.3.2 Video Transmission Performance
This section will show the comparison of video transmission using the pro-
posed compressive OFDM system. Again the results from this system will be
compared against the DFT-OFDM system with wavelet compression occurring
before transmission as well as the DFT-OFDM system with no compression
applied to the data at all.
Figures 7.14, 7.15 and 7.16 show RMSE, SSIM and PSNR results obtained
for the video frames transmitted.
5 10 15 20 25 30 35 40
0
0.5
1
1.5
2
2.5
3
3.5
4
4.5
Signal to noise ratio, dB
R
el
at
iv
e 
m
ea
n 
sq
ua
re
d 
er
ro
r
 
 
Haar (Compressive OFDM)
Daubechies 7 (Compressive OFDM)
Daubechies 9 (Compressive OFDM)
Haar (DFT−OFDM)
Daubechies 7 (DFT−OFDM)
Daubechies 9 (DFT−OFDM)
DFT−OFDM (No compression)
Figure 7.14: Relative RMSE of video frames transmitted via the OFDM transmission
systems.
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Figure 7.15: Structural similarity of video frames transmitted via the OFDM trans-
mission systems.
These figures show much the same results at those obtained for the images
transmitted via the three systems. Again the new compressive method performs
well in the high noise situations and again show similar performance to the
DFT-OFDM method with no compression and as before the results for videos
transmitted through channels with a SNR above 30 dB showed both OFDM
schemes with compression applied have similar performance.
This result shows that for both videos and images a consistent performance
is expected in these systems.
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Figure 7.16: PSNR of video frames transmitted via the OFDM transmission systems.
7.4 Conclusions
This chapter has examined the performance of the new compressive OFDM
transmission system on the transmission of both image and video signals. It
was found in these results that the compressive method worked very well in
noisy channel environments. It was also shown that generally the wavelet type
made little difference to the performance of the system with only the Haar
wavelet contributing to a substantial reduction in system performance.
When compared to traditional DFT-OFDM with wavelet subband compres-
sion applied prior to transmission, the proposed compressive method gave supe-
rior performance. For the new method the error rate stayed relatively consistent
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with a RMSE error rate of between 0.1 and 0.24 for the observed signal-to-noise
ratios. This was compared to the DFT-OFDM method with compression ap-
plied prior where a large variation in error rates were observed with a dramatic
drop in performance at SNRs less than 25 dB. This result alone shows that sys-
tem performance can be improved when incorporating compression at the time
of transmission of the data. Apart from this, computation time was also con-
sidered and was also shown to be less when using the new compressive OFDM
technique with reductions of 3/4 of the time achieved for image transmission
and a reduction of a half the time in the case of videos.
The final comparison presented in this chapter was with DFT-OFDM with
no compression applied to the data. As expected this method performed the
best with RMSE results of zero at signal-to-noise ratios above 30 dB, but with a
data rate approximately 2.6 times greater than that of the other two methods,
efficiency was a downside to this system.
159
Chapter 8
Conclusions and Future Directions
This thesis has presented a study in OFDM techniques in the transmission of
image and video data. Experiments have been conducted in image and video
transmission using both traditional DFT-OFDM techniques and a novel com-
pressive technique. Both techniques make use of wavelets for compression and
experiments have looked at how wavelet subband compression can be imple-
mented in the two different OFDM transmission schemes.
In Chapter 4 results were presented on the performance of traditional DFT-
OFDM. Both image transmission and video transmission was considered to get
a good indication of the performance of this technique. The results presented
in this chapter looked firstly at the effects wavelet subband compression has on
the quality of transmitted data as well as the effect different QAM constellation
mappings had on the transmission error. For the results considering the effects
compression has on data quality, wavelet subband compression was used on the
data. Relative mean squared error, structural similarity of the images/videos
and PSNR were then all considered when looking at the effects this type of
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compression has on the data.
It was found in this chapter that:
• For images and videos transmitted using DFT-OFDM without compres-
sion an error rate close to zero as well as a structural similarity of 100%
and PSNR of infinity were obtained at signal-to-noise ratios above 35 dB.
This result allowed for a quantification of how much error is obtained
from the lossy wavelet compression method applied to the data before
transmission. For the compressed data at these same signal-to-noise ra-
tios a maximum structural similarity of 71% was achieved and a PSNR of
30dB was also achieved. This shows the level of reduction purely due to
compression.
• 16-QAM constellation mapping was the most effective method of baseband
encoding when the intended transmission method was DFT-OFDM.
The results from this chapter showed that by using 16-QAM the RMSE
obtained was far less that that obtained when using 32- or 64-QAM. This
result was understandable since the Euclidean distance between constel-
lation points in 16-QAM is much greater than for the other studied QAM
encoding methods. Using constellation encoding methods with this at-
tribute allows for greater flexibility at the receiver before an error in de-
tection occurs [4].
• Relative mean squared error, structural similarity and PSNR obtained
from the experiments were dependent on the type of images being trans-
mitted.
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This could be seen to be caused by the correlation in the data and the
way the wavelet decomposition affects the data. It was interesting though
to look at the types of images that were adversely affected during the
transmission simulations. The images that compressed poorly were, as
expected, the ones with a lot of black to white transitions between neigh-
bouring pixels. These images tend to have a higher spatial frequency, the
images that compressed well tended to be flat shades.
Chapter 7 presented results from simulations of a novel compressive OFDM
system. This system combines data compression and transmission into the one
block in order to decrease the computational complexity of the system.
Results in this chapter present RMSE, structural similarity and PSNR for
the transmission of image data. Results were also discussed for the error ob-
tained for different wavelets being used for the compression and OFDM trans-
mission.
The second part of this chapter also gives a comparison of the novel com-
pressive OFDM method and the traditional DFT-OFDM (with and without
compression) and looks at the differences in the three methods.
It was found in this chapter that:
• The novel compressive transceiver system performed well in all channel
conditions for the transmission of images.
This new technique proved to be very resilient to noise corrupting a chan-
nel which was a very good result. When compared to the results obtained
from traditional DFT-based OFDM with compression applied, error re-
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mained very low even at SNRs of 5dB where the DFT-OFDM method
proved to work very poorly. For SNRs that were higher (greater than 30
dB) the proposed method had a slightly better performance than the DFT-
OFDM with compression applied. Even when considering the structural
similarity of the received images the proposed method gave better struc-
tural similarity than that obtained using the traditional OFDM method
over all signal-to-noise ratios.
The proposed method was also shown to perform slightly worse than the
DFT-OFDM without compression with a SSIM value of 21% less than
the non-compressed image transmission experiment. This result was to be
expected as a lossy compression technique is used in the proposed method
which will reduce the quality of the data. As far as efficiency is concerned
the loss of structural similarity is balanced out by the data reduction from
the compression method with a 2.6:1 compression ratio being achieved for
the proposed method. This had an obvious effect on simulation time with
simulations of the proposed method taking approximately half the amount
of time as the DFT-OFDM simulations with compression.
• The wavelet used had very little effect on the results obtained for both the
transmission of image and video data. It was found that using the Haar
wavelet contributed to the most quality reduction with a 0.014 - 0.016
RMSE reduction between the Haar wavelet and the Daubechies 9 wavelet
for video and image transmission respectively. This translated to a SSIM
reduction of 1.7% and a 0.73dB reduction in PSNR.
While system performance did decrease when using the Haar wavelet ba-
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sis function, all the other Daubechies family wavelets performed compa-
rably well. The Haar basis function is a very basic, simplistic wavelet
and can end up giving a crude decomposition to the signal so it was not
unexpected that this wavelet did not perform as well for the proposed
system being examined. The Daubechies wavelets (Db2+) are preferred
in wavelet based OFDM transmission systems with no advantage of using
one over the other when it came to performance [38], the results in this
chapter also confirm that this is also the case in the proposed system.
Another consideration is increasing the wavelet order also increases the
number of coefficients produced by the DWT process. Since there is a
negligible improvement in data quality using wavelet filter orders above
Daubechies 2, the wavelet order should be selected to reduce the coeffi-
cients as much as possible to produce the most efficient data compression
possible.
• Computational complexity is reduced in the proposed system with a sim-
ulation time of almost half achieved using the new method with video and
a 3/4 reduction in time for images.
Simulation time for the proposed compressive OFDM technique was found
to be approximately half the time taken to simulate the DFT-based OFDM
system with video and 3/4 less for images. This is a highly desirable
characteristic in the system as computational complexity can delay trans-
mission of the data and slow the whole system down. Computational
complexity was already proven to be better in wavelet based OFDM sys-
tems [38], but by merging the compression and transmission blocks into
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one as well as using a wavelet based transmission method a much more
efficient system is again produced.
Future Directions
The proposed technique has many areas which need to be explored and
developed which are beyond the scope of this thesis, some of the future research
directions that need to be further assessed in this transmission method include
the following:
1. In this research the transmission method was considered in a wireless
environment, further research could examine the feasibility of this system
in other applications that employ OFDM. As mentioned in this research
power line communications and ADSL internet are other applications that
are based on OFDM and this new technique may also work well in these
systems.
By looking at these other OFDM systems different channel models would
need to be considered as some OFDM applications are wireless and others
are wired. The channel simulated in this research was a multipath fading
channel with AWGN which is a typical wireless channel model. Another
direction this research could consider is the effect different channel models
have on the quality of the data being transmitted and received.
2. Another direction is to consider more diverse data types being transmit-
ted. This thesis has focused on system performance when transmitting
greyscale, still images as well as video. Other data types such as au-
dio and data such as computer files could also be considered and system
effectiveness for these different data types could be assessed.
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Another aspect of this future work that would need to be considered is
the MPEG encoding that usually occurs to video being transmitted wire-
lessly. In OFDM based systems such as digital television broadcasting,
MPEG encoding is applied to the data before any processing occurs for
transmission [24]. In these cases the video and image data are not going to
be in the same form as a raw image or video frame, in future research this
will also need to be considered to see how this type of data encapsulation
method could effect the quality of the data being transmitted through the
OFDM system.
Finally in this colour images and video should be considered. It would be
expected these would perform in the same way as the same process would
just be applied to the red, green and blue layers but this is also another
consideration to explore in future work.
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Appendix A
The following pages show the images used in the experiments performed in this
work. These images were sourced from the SIPI database, [86].
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Figure A.1: Experimental images no. 1 - 9
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Figure A.2: Experimental images no. 10 - 18
Appendix A. 169
Figure A.3: Experimental images no. 19 - 27
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Figure A.4: Experimental images no. 28 - 36
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Figure A.5: Experimental images no. 37 - 45
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Figure A.6: Experimental images no. 46 - 54
Appendix A. 173
Figure A.7: Experimental images no. 55 - 63
Appendix A. 174
Figure A.8: Experimental images no. 64 - 69
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